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Analysis

e Coefficients for Daubechies wavelets 1-38

o DFT

e Envelope detector

e Envelope follower with different attack and release

e Fast in-place Walsh-Hadamard Transform

o FFT

® FFT classes in C++ and Object Pascal

e Java FFT

e | ook ahead limiting

e L PC analysis (autocorrelation + Levinson-Durbin recursion)
e Magnitude and phase plot of arbitrary IIR function, up to 5th order
e Measuring interpollation noise

e QFT and DQFT (double precision) classes

e Simple peak follower

e tone detection with Goertzel

Effects

e 2 Wave shaping things

e Alien Wah

e Bit quantization/reduction effect

e Class for waveguide/delay effects

e Decimator

e Delay time calculation for reverberation
e Early echo's with image-mirror technique
e ECE320 project: Reverberation w/ parameter control from PC
e Guitar feedback

e | o-Fi Crusher

e Most simple and smooth feedback delay
e Most simple static delay

e Parallel combs delay calculation

® Phaser code

® Reverberation Algorithms in Matlab

e Reverberation techniques

e smsPitchScale Source Code

e Soft saturation

e Time compression-expansion using standard phase vocoder
e VVariable-hardness clipping function

e WaveShaper

e \Waveshaper

e \Waveshaper

e \Waveshaper (simple description)

e \Waveshaper :: Gloubi-boulga

Filters

e 18dB/oct resonant 3 pole LPF with tanh() dist
e 1st and 2nd order pink noise filters

e 303 type filter with saturation

e All-Pass Filters, a good explanation

® Biguad C code

e C++ class implementation of RBJ Filters

e Cascaded resonant Ip/hp filter

o DC filter



¢ Digital RIAA equalization filter coefficients
e Formant filter

e Karlsen

e Lowpass filter for parameter edge filtering
o LP and HP filter

e Moog VCF

® Moog VCF, variation 1

e Moog VCEF, variation 2

e Notch filter

e One pole LP and HP

e One pole, one zero LP/HP

e One zero, LP/HP

® Peak/Notch filter

¢ Phase equalization

e Pink noise filter

e Polyphase Filters

e Prewarping

e RBJ-Audio-EQ-Cookbook

® Resonant filter

e Resonant IIR lowpass (12dB/oct)

e Resonant low pass filter

e State variable

e State Variable Filter (Chamberlin version)
e State Variable Filter (Double Sampled, Stable)
e Stilson's Moog filter code

e Time domain convolution with O(n*log2(3))
e Time domain convolution with O(n"*log2(3))
e VVarious Biquad filters

e Zoelzer biquad filters

Other

® 16-to-8-bit first-order dither

e 3rd order Spline interpollation

e 5-point spline interpollation

e Allocating aligned memory

e Antialiased Lines

® Base-2 exp

¢ Block/Loop Benchmarking

e Calculate notes (java)

e Center separation in a stereo mixdown
e Center separation in a stereo mixdown
e Clipping without branching

e Constant-time exponent of 2 detector
e Conversions on a PowerPC

e Copy-protection schemes

e Cubic interpollation

e Denormal DOUBLE variables, macro
e Denormal numbers

¢ Denormal numbers, the meta-text

e Dither code

e Dithering

e Double to Int

e Envelope Follower

e Exponential parameter mapping

e fast abs/neg/sign for 32bit floats

e Fast binary log approximations

e Fast exp2 approximation

e Fast log2

e fast power and root estimates for 32bit floats
e Float to int

e Float-to-int, coverting an array of floats
e Gaussian dithering

e Gaussian random numbers

e Hermite Interpolator (x86 ASM)

e Hermite interpollation

e Lock free fifo



¢ MATLAB-Tools for SNDAN

e MIDI note/frequency conversion

e Millimeter to DB (faders...)

e Noise Shaping Class

e Nonblocking multiprocessor/multithread algorithms in C++
e pow(x,4) approximation

® Reading the compressed WA! parts in gigasampler files
e Real basic DSP with Matlab (+ GUI) ...

e real value vs display value

e Really fast x86 floating point sin/cos

e resampling

e Saturation

e Sin, Cos, Tan approximation

Synthesis

o (Allmost) Ready-to-use oscillators

e Alias-free waveform generation with analog filtering
e another LFO class

e Arbitary shaped band-limited waveform generation (using oversampling and low-pass filtering)
e Audiable alias free waveform gen using width sine
e Bandlimited sawtooth synthesis

e Bandlimited waveform generation

e Bandlimited waveform generation with hard sync
e Bandlimited waveforms synopsis.

¢ Bandlimited waveforms...

e Cubic polynomial envelopes

e Discrete Summation Formula (DSF)

e DSF (super-set of BLIT)

e Fast LFO in Delphi...

e Fast sine and cosine calculation

® Fast sine wave calculation

e Fast square wave generator

e Gaussian White noise

e Gaussian White Noise

e Inverted parabolic envelope

e Phase modulation Vs. Frequency modulation

® Phase modulation Vs. Frequency modulation Il

e Pseudo-Random generator

e Pulsewidth modulation

e quick and dirty sine generator

® SawsSin

e Sine calculation

® Square Waves

e Waveform generator using MinBLEPS

e Wavetable Synthesis

e Weird synthesis



(Allmost) Ready-to-use oscillators (click this to go back to the index)

Type : waveform generation
References : Ross Bencina, Olli Niemitalo, ...
Notes :

Ross Bencina: original source code poster
Olli Niemitalo: UpdateWithCubiclnterpolation

Code :
//this code is neant as an EXAMPLE

uncomment if you need an FM oscill ator
define FM OSCI LLATOR

~—

/
/
/*

menbers are:

fl oat phase;

int Tabl eSize;

fl oat sanpl eRat e;

float *table, dtableO, dtablel, dtable2, dtable3;

->these should be filled as folows... (renmenber to wap around!!!)
table[i] = the wave-shape

dtableO[i] = table[i+1] - table[i];

dtablel[i] = (3.f*(table[i]-table[i+1])-table[i-1]+table[i+2])/2.f
dtabl e2[i] = 2.f*table[i+1]+table[i-1]-(5.f*table[i]+table[i+2])/2.f
dtabl e3[i] = (table[i+1]-table[i-1])/2.f

*/

float GOscillator::UpdateWthoutlnterpol ation(float frequency)
int i = (int) phase;
phase += (sanpl eRate/ (float Tabl eSi ze)/frequency;

i f (phase >= (float) Tabl eSi ze)
phase -= (float) Tabl eSi ze;

#i fdef FM_OSCI LLATOR
i f(phase < 0.f)
phase += (fl oat) Tabl eSi ze;
#endi f

return table[i]

}
float Oscillator::UpdateWthLinearlnterpolation(float frequency)

int i = (int) phase;
float al pha = phase - (float) i;

phase += (sanpl eRate/ (fl oat) Tabl eSi ze)/frequency;

i f (phase >= (float) Tabl eSi ze)
phase -= (float) Tabl eSi ze;

#i fdef FM_OSCI LLATOR
i f(phase < 0.f)
phase += (fl oat) Tabl eSi ze;

#endi f
/*
dtabl eO[i] = table[i+1] - table[i]; //remenber to wap around!!!
*/
return table[i] + dtableO[i]*al pha;
}

float Oscillator::UpdateWthCubiclnterpolation( float frequency )

int i = (int) phase;
float al pha = phase - (float) i;

phase += (sanpl eRate/ (fl oat) Tabl eSi ze)/frequency;

i f (phase >= (float) Tabl eSi ze)
phase -= (float) Tabl eSi ze;

#i f def FM_OSClI LLATOR
i f(phase < 0.f)
phase += (fl oat) Tabl eSi ze;
#endi f

/* [/remenber to wap around!!!

dtablel[i] = (3.f*(table[i]-table[i+1])-table[i-1]+table[i+2])/2.f
dtable2[i] = 2.f*table[i+1]+table[i-1]-(5.f*table[i]+table[i+2])/2.f
dtabl e3[i] = (table[i+1]-table[i-1])/2.f



*/

return ((dtablel[i]*al pha + dtable2[i])*al pha + dtable3[i])*al pha+ttable[i];



Alias-free waveform generation with analodg filtering (click this to go back to the index)
Type : waveform generation

References : Posted by Magnus Jonsson

Linked file : synthesis001.txt (this linked file is included below)

Notes :
(see linkfile)

Linked files
alias-free waveformgeneration with analog filtering

O, here is how!l did it. I'mnot 100% sure that everything is correct.
1"l denpbnstrate it on a square wave instead, although i havent tried it.

The i npul se response of an anal og pole is:

r(t) = exp(p*x) ift >0,
0 ift <o

notice that if we know r(t) we can get r(t+1) = r(t)*exp(p).

You all know what the waveform | ooks like. It's a constant -1
followed by constant 1 followed by .....

We need to convolve the inpul se response with the waveformand sanple it at discrete intervals.
VWhat if we assunme that we already know the result of the |ast sanple?

Then we can "nove" the previous result backwards by multiplying it with exp(p) since
r(t+1) = r(t)*exp(p)

Now the problemis reduced to integrate only between the | ast sanple and the current sanple, and
add that to the result.

some pseudo- code:

whi |l e forever

{

result *= exp(pole);

phase += freq;

result += integrate(waveforn(phase-freg*t), exp(t*pole), t=0..1);
}

i nt egrat e(squar e(phase-freq*t), exp(t*pole), t=0..1)

The square is constant except for when it changes sign.

Let's find out what you get if you integrate a constant nultiplied with
exp(t*pole) =)

integrate(k*exp(t*pole)) = k*exp(t*pole)/pole
k = square(phase-freq*t)

and witht fromO to 1, that becones
k*exp(pol e)/ pol e-k/ pol e = (exp(pol e)-1)*k/pol e

the only problemleft to solve nowis the junps from+1 to -1 and vice versa.
you first calculate (exp(pole)-1)*k/pole like you' d normally do

then you detect if phase goes beyond 0.5 or 1. If so, find out exactly
where between the sanples this change takes pl ace.

subtract integrate(-2*exp(t*pole), t=0..place) fromthe result to
undo the error

Since | amterribly bad at explaining things, this is probably just a ness to you :)

Here's the (unoptinised) code to do this with a saw
note that sum and pole are conpl ex.

fl oat getsanpl e()
{ sum *= exp(pol e);
phase += freq;
sum += (exp(pol e)*((phase-freq)*pol e+freq)-(phase*pol e+freq))/ pol e;

if (phase >= 0.5)
{


http://www.musicdsp.org/files/synthesis001.txt

float x = (phase-0.5)/freq;
sum - = exp(pol e*x)-1.0f;

phase -= 1;
}

return sumreal ();

}

There's big speedup potential in this i think.

Since the filtering is done "before" sampling,
aliasing is reduced, as a free bonus. with high cutoff
and high frequencies it's still audible though, but
much | ess than without the filter.

If aliasing is handled in sone other way,
a digital filter will sound just as well, that's what i think.

-- Magnus Jonsson <zeal @mi | . kuriren. nu>



another L FO class (click this to go back to the index)

References : Posted by mdsp

Linked file : LFO.zip

Notes :

This LFO uses an unsigned 32-bit phase and increment whose 8 Most Significant Bits adress a Look-up table while the 24 Least Significant Bits are
used as the fractionnal part.

Note: As the phase overflow automatically, the index is always in the range 0-255.

It performs linear interpolation, but it is easy to add other types of interpolation.

Don't know how good it could be as an oscillator, but | found it good enough for a LFO.
BTW there is also different kind of waveforms.

Modifications:
We could use phase on 64-bit or change the proportion of bits used by the index and the fractionnal part.


http://www.musicdsp.org/files/LFO.zip

Arbitary shaped band-limited waveform generation (using oversampling and low-pass filtering) (click this to go back to

the index)

References : Posted by remage[AT]kac[DOT]poliod[DOT]hu

o

de :
Arbitary shaped band-Ilinmited wavef orm generation
(using oversanpling and | ow pass filtering)

There are many articles about band-limted waveform synthesis techniques, that provide correct and fast

met hods for generating classic anal ogue waveforms, such as saw, pulse, and triangle wave. However, generating
arbitary shaped band-linited waveforns, such as the "sawsin" shape (found in this source-code archive), seens
to be quite hard using these techniques.

My anal ogue waveforns are generated in a _very_ high sanpling rate (actually it's 1.4112 GHz for 44.1 kHz
wavef orns, using 32x oversanpling). Using this sanple-rate, the anplitude of the aliasing harnonics are
negligi ble (the base anal ogue waveforns has exponentially decreasi ng harnonics anplitudes).

Using a 511-tap wi ndowed sync FIR filter (with Blackman-Harris wi ndow, and 12 kHz cutoff frequency) the
har noni cs above 20 kHz are killed, the higher harnonics (that cause the sharp overshoot at step response) are
danpened.

The filtered signal downsanpled to 44.1 kHz contains the audi bl e (non-aliased) harnonics only.

This waveform synthesis is performed for wavetabl es of 4096, 2048, 1024, ... 8, 4, 2 sanples. The real-tine
signal is interpolated fromthese waveformtables, using Hermte-(cubic-)interpolation for the waveforms, and
linear interpolation between the two wavet abl es near the required note.

This procedure is quite time-consunmng, but the whole waveform (or, in nmy inplenentation, the whole waveform
set) can be precal culated (or saved at first launch of the synth) and rel oaded at synth initialization.

| don't knowif this is a theoretically correct solution, but the waveforns sound good (no audible aliasing).
Pl ease et me knowif |I'mwong...

Comments
from : Alex@smartelectronix.com
comment : Why can't you use fft/ifft
to synthesis directly wavetables of 2048,1024,..?
It'd be not so
"time consuming" comparing to FIR filtering.
Further cubic interpolation still might give you audible
distortion in some cases.
--Alex.

from : remage@kac.poliod.hu

comment : What should | use instead of cubic interpolation? (I had already some aliasing problems with cubic interpolation, but that can be solved by
oversampling 4x the realtime signal generation)
Is this theory of generating waves from wavetables of 4096, 2084, ... 8, 4, 2 samples wrong?

from : Alex[AT]smartelectronix.com
comment : | think tablesize should not vary
depending on tone (4096,2048...)
and you'd better stay with the same table size for all notes (for example 4096, 4096...).

To avoid interpolation noise

(it's NOT caused by aliasing)

try to increase wavetable size

and be sure that waveform spectrum has
steep roll off

(don't forget Gibbs phenomena as well).



Audiable alias free waveform gen using width sine (click this to go back to the index)
Type : Very simple
References : Posted by joakim.dahlstrom@ongame.com

Notes :
Warning, my english abilities is terribly limited.

How ever, the other day when finally understanding what bandlimited wave creation is (i am a noobie, been doing DSP stuf on and off for a half/year) it
hit me i can implement one little part in my synths. It's all about the freq (that i knew), very simple you can reduce alias (the alias that you can hear that
is) extremely by keeping track of your frequence, the way i solved it is using a factor, afact = 1 - sin(f*2PI). This means you can do audiable alias free
synthesis without very complex algorithms or very huge tables, even though the sound becomes kind of low-filtered.

Propably something like this is mentioned b4, but incase it hasn't this is worth looking up

The psuedo code describes it more.

// Druttis
Code :
f :=freq factor, 0 - 0.5 (0 to half sanplingrate)

afact(f) =1 - sin(f*2Pl)

t :=tinme (0to ...)
ph := phase shift (0 to 1)
fm:=freq nod (0 to 1)

sine(t,f,ph,fm = sin((t*f+ph)*2Pl + 0.5P|*fntafact(f))
fb := feedback (0 to 1) (1 nax saw)
saw(t,f,ph,fmfb) = sine(t,f,ph, fb*sine(t-1,f,ph,fm)

pm:= pulse nod (0 to 1) (1 max pul se)
pw := pulse width (0 to 1) (1 square)
pul se(t,f,ph,fmfb,pmpw = saw(t,f,ph,fmfb) - (t,f,ph+0.5*pw, fmfb) * pm

| am not conpletely sure about fmfor saw & pul se since i cant test that atm but it should work :) otherw se
just make sure fmare 0 for saw & pul se.

As you can see the saw & pul se wave are very vari abl e.
/] Druttis
Comments
from : druttis@darkface.pp.se
comment : Um, reading it | can see a big flaw...
afact(f) = 1 - sin(f*2PI) is not correct!
should be
afact(f) =1 - sqrt(f* 2/ sr)

where sr := samplingrate
f should be exceed half sr

from : laurent@ohmforce.com
comment :

from : laurent@ohmforce.com
comment : f has already be divided by sr, right ? So it should become :

afact (f) = 1 - sqrt (f *2)
And i see a typo (saw forgotten in the second expression) :
pulse(t,f,ph,fm,fb,pm,pw) = saw(t,f,ph,fm,fb) - saw(t,f,ph+0.5*pw,fm,fb) * pm
However | haven't checked the formula.

from : 909@gmx.de

comment : Hi Lauent,

I'm new to that DSP stuff and can't get the key to
what'S the meaning of afact? - Can you explain please!? - Thanks in advice!



Bandlimited sawtooth synthesis (click this to go back to the index)
Type : DSF BLIT

References : Posted by emanuel.landeholm [AT] telia.com

Linked file : synthesis002.txt (this linked file is included below)

Notes :
This is working code for synthesizing a bandlimited sawtooth waveform. The algorithm is DSF BLIT + leaky integrator. Includes driver code.

There are two parameters you may tweak:

1) Desired attenuation at nyquist. A low value yields a duller sawtooth but gets rid of those annoying CLICKS when sweeping the frequency up real
high. Must be strictly less than 1.0!

2) Integrator leakiness/cut off. Affects the shape of the waveform to some extent, esp. at the low end. Ideally you would want to set this low, but too
low a setting will give you problems with DC.

Have fun!
/Emanuel Landeholm

(see linked file)

Comments

from : rainbow_stash@hotmail.com

comment :
there is no need to use a butterworth design for a simple leaky integrator, in this case actually the
variable curcps can be used directly in a simple: leak += curcps * (blit - leak);

this produces a nearly perfect saw shape in almost all cases

Li nked files

#i ncl ude <stdio. h>
#i nclude <stdlib. h>
#i ncl ude <nmat h. h>

/* Bandlimted synthesis of sawtooth by
| eaky integration of a DSF BLIT

*

*

*

* Emanuel Landeholm March 2002
* emanuel . | andehol m@el i a. com
*

*

*

*

Provided \"as is\".
Free as in Ef Are Ee Ee.
/

doubl e pi
doubl e twopi

3. 1415926535897932384626433832795029L,;
6.2831853071795864769252867665590058L;

/* Leaky integrator/first order |owpass which
shapes the inpulse train into a nice

- 6dB/ oct ave spectrum

The cutoff frequency needs to be pretty | ow sh
or the sawtooth will suffer phase distortion
at the | ow end.

* X X X X X X *

~

t ypedef struct
doubl e x1, y1;
doubl e a, b;
} lowpass_t;
/* initializes a | owass, sets cutoff/leakiness */
void init_| owass(lowass_t *Ip, double cutoff)
doubl e Orega;

I p->x1 = | p->yl = 0.0;

Orega = atan(pi * cutoff);
Ip->a = -(1.0 - Orega) / (1.0 + Orega);
Ip->b = (1.0 - Ip->b) / 2.0;

}

doubl e updat e_| owpass(| owpass_t *Ip, double x)
{


http://www.musicdsp.org/files/synthesis002.txt

doubl e vy;
y =1lp->b * (x + Ip->x1) - Ip->a * |p->yl,;

| p->x1 = x;
I p->y1 = vy;
return y;

}
/* dsf blit datatype
*/

t ypedef struct

doubl e phase; /* phase accumul ator */
doubl e aNQ /* attenuation at nyquist */
doubl e curcps; /* current frequency, updated once per cycle */
doubl e cur per; /* current period, updated once per cycle */
| owpass_t leaky; /* leaky integrator */
doubl e N; [* # partials */
doubl e a; [* dsf paraneter which controls roll-off */
doubl e aN; /* former to the N */
} blit_t;

/* initializes a blit structure

*

* The aNQ paraneter is the desired attenuation

* at nyquist. Alow value yields a duller

* sawtooth but gets rid of those annoying CLICKS
* when sweeping the frequency up real high. |aNQ
* must be strictly less than 1.0! Find a setting
* which works for you

*

* The cutoff paraneter controls the |eakiness of
* the integrator

*/

void init_blit(blit_t *b, double aNQ double cutoff)
{

b- >phase = 0.0;

b->aNQ = aNQ

b->curcps = 0.0;

b->curper = 0.0;

init_| owass(&b->l eaky, cutoff);

}
/* Returns a sawtooth conmputed froma | eaky integration
* of a DSF bandlimted inpulse train.

*

* cps (cycles per sanple) is the fundanenta

* frequency: 0 -> 0.5 == -> nyqui st

*/

doubl e update_blit(blit_t *b, double cps)
doubl e P2, beta, Nbeta, cosbeta, n, d, blit, saw
i f(b->phase >= 1.0 || b->curcps == 0.0)
{

/* New cycl e, update frequency and everything
* that depends on it
*/

i f (b->phase >= 1.0)
b- >phase -= 1.0;

b- >curcps

cps; /* this cycle\'s frequency */
b- >cur per /*

1.0/ cps; this cycle\'s period */

P2 = b->curper / 2.0;
b->N=1.0 + floor(P2); /* # of partials incl. dc */

/* find the roll-off paraneter which gives
* the desired attenuation at nyqui st

*/
b->a = pow( b->aNQ 1.0 / P2);
b->aN = pow( b->a, b->N)

}

beta = twopi * b->phase



Nbet a

= b->N * beta;
cosbeta =

cos(beta);

/* The dsf blit is scaled by 1 / period to give approxi mately the sane
* peak-to-peak over a wi de range of frequencies.

*/
n=10 -
b->aN * cos(Nbeta) -
b->a * (cosheta - b->aN * cos(Nbeta - beta));
d = b->curper * (1.0 + b->a * (-2.0 * cosbeta + b->a));

b- >phase += b->curcps; /* update phase */

blit =n/ d - b->curcps; /* This division can only fail if |a] == 1.0
* Subtracting the fundanmental frq rids of DC
*/

saw = updat e_| owpass(&b->l eaky, blit); /* shape blit spectruminto a saw */

return saw,

}

/* driver code - wites headerless 44.1 16 bit PCMto stdout */
static int clipped = 0;

static void ADC_out (doubl e x)

t short s;

if(x > 1.0)
{

++cl i pped;
x = 1.0;

}
else if(x <-1.0)
++cl i pped;

x = -1.0;
}

s = 32767.0 * x;

fwite(&s, sizeof(s), 1, stdout);
}

int main(int argc, char **argv)
int i, L;
doubl e x, cps, cm

blit_t b;

L = 1000000;

init_blit(&, 0.5, 0.0001);

/* sweep from40 to 20000 Hz */

cps = 40.0 / 44100. 0;
cm = pow500.0, 1.0 / (double)l);

for(i =0; i <L; ++i)
X = 2.0 * update_blit(&b, cps);
ADC _out (X);
cps *=cm

}
fprintf(stderr, \"%l val ues were clipped\\n\", clipped);

return O;



Bandlimited waveform generation (click this to go back to the index)
Type : waveform generation

References : Posted by Joe Wright

Linked file : bandlimited.cpp (this linked file is included below)

Linked file : bandlimited.pdf

Notes :

(see linkfile)

Li nked files

/'l An exanpl e of generating the saw ooth and parabol a wavet abl es
/1 for storage to disk.

I

/| SPEED=sanpling rate, e.g. 44100. Of

/1 TUNI NG=pitch of concert A, e.g. 440.0f

TEEEEEEErrrrr i
Wavet abl e reverse | ookup
G ven a playback rate of the wavetable, what is wavetabl es i ndex?

rate = f.wavesi ze/fs e.g. 4096f/ 44100
max partials = nyquist/f = wavesize/2rate e.g. 2048/rate

using max partials we could then do a | ookup to find the wavet abl es i ndex
in a pre-calculated table

however, we could skip max partials, and | ookup a table based on a
function of f (or rate)

the first fewmdi notes (0 - 9) differ by < 1 so there are duplicates
val ues of (int) f.

therefore, to get an index to our table (that indexes the wavetabl es)
we need 2f

to get 2f fromrate we multiply by the constant

~NN NN NN NN N NN N N N N N N e e e e~~~
L N N

2f 2. fs/wavesi ze e.g. 88200/4096
our |l ookup table will have a | ength>25087 to cover the mdi range
we'll make it 32768 in length for easy processing

nt a,b,n;

| oat* dat a;

|

oat* sinetabl e=new fl oat [ 4096] ;
| oat * dat ap;
for (b=0; b<4096; b++)
si net abl e[ b] =si n( TWOPI *(f | oat ) b/ 4096. 0f ) ;
int partials;
int partial;
int partialindex,reverseindex,|astnunpartial s;
float max, m
int* reverse;

i
f
f
f

/] sawt oot h

dat a=new fl oat[ 128*4096] ;
reverse=new i nt[ 32768];

rever sei ndex=0;
parti al i ndex=0;
| ast nunparti al s=-1;

f or (n=0; N<128; n++)

{
partial s=(int)((SPEED*0.5f)/fl oat (TUNI NG (fl oat)pow(2, (float) (n-69)/12.0f)));
i f(partials!=lastnunmpartial s)

{

dat ap=&dat a[ parti al i ndex*4096] ;
for (b=0; b<4096; b++)

datap[ b] =0. 0f ; //bl ank wavet abl e
for(a=0; a<partial s; a++)

parti al =a+1;

mrcos((fl oat)a*HALFPI/ (float)partials); //gibbs
mt=m //gibbs

m =(fl oat)parti al ;

for (b=0; b<4096; b++)

dat ap[ b] +=ntsi net abl e[ (b*parti al ) %096] ;

/1(int) NYQU ST/f
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| ast nunparti al s=parti al s;

a=int (2. 0f*TUNI NG (fl oat ) pow( 2, (float) (n-69)/12.0f)); //2f
for (b=rever sei ndex; b<=a; b++)

reverse[b]=partial i ndex;

rever sei ndex=a+1;

partial i ndex++;

}
}

for (b=reversei ndex; b<32768; b++)
reverse[ b] =parti al i ndex-1;

ar << (int) partialindex; //nunmber of waveforns
ar << (int) 4096; //waveform size (in sanples)

max=0. 0;
for (b=0; b<4096; b++)

i f(fabs(*(data+b))>max) //normalise to richest waveform (0)
max=(fl oat)fabs(*(data+b));

}

for(b=0; b<4096*parti al i ndex; b++)

*(dat a+b) / =max;

/lar.Wite(data, 4096*partial i ndex*si zeof (float));
[lar.Wite(reverse, 32768*si zeof (int));

delete [] data;
delete [] reverse;

}
/1 end sawt ooth
/'l parabol a

dat a=new f| oat [ 128*4096] ;
reverse=new i nt[ 32768] ;

rever sei ndex=0;
partial i ndex=0;

| ast nunparti al s=-1;
float sign;

for (n=0; n<128; n++)

{
partial s=(int)((SPEED*0.5f)/fl oat (TUNI NG (fl oat) pow( 2, (float) (n-69)/12.0f)));
i f(partials!=lastnunpartials)

{

dat ap=&dat a[ parti al i ndex*4096] ;
for (b=0; b<4096; b++)

dat ap[ b] =PI *PI1/ 3. Of ;

sign=-1. Of ;
for(a=0; a<partial s; a++)
{

parti al =a+1;

mecos((fl oat)a*HALFPI/ (float)partials); //gibbs

mt=m //gibbs

m =(float)(partial *partial);

mt=4. Of *si gn;

for (b=0; b<4096; b++)

dat ap[ b] +=nt*si net abl e[ ((b*parti al ) +1024) %1096]; //note, parabola uses cos
si gn=-si gn;

| ast nunparti al s=parti al s;
a=int (2. 0f*TUNI NG (fl oat) powm 2, (float) (n-69)/12.0f)); //2f
for (b=reversei ndex; b<=a; b++)
reverse[b] =partial i ndex;
rever sei ndex=a+1;
partial i ndex++;
}
}

f or (b=rever sei ndex; b<32768; b++)
reverse[ b] =parti al i ndex-1;

ar << (int) partialindex; //nunber of waveforns
ar << (int) 4096; //waveformsize (in sanples)

mex=0. 0;
f or (b=0; b<4096; b++)



i f(fabs(*(data+b))>max) //nornmalise to richest waveform (0)
max=(fl oat)fabs(*(data+b));

max*=0. 5;
for (b=0; b<4096*parti al i ndex; b++)

*(dat a+b) / =max;

*(dat a+b) - =1. Of ;
}

/lar.Wite(data, 4096*parti ali ndex*sizeof (float));
[lar.Wite(reverse, 32768*si zeof (int));

delete [] data;
delete [] reverse;

/1 end parabol a

N NN NNy

An exanpl e of playback of a sawtooth wave

When optimsing you'll need to get this in assenbly (especially those

/1
/1
/1 This is not optimsed for easy reading
/1
/1
/1

float to int conversions)
NNy

#define WAVETABLE_SI ZE (1 << 12)
#defi ne WAVETABLE_SI ZEF WAVETABLE_SI ZE. Of
#defi ne WAVETABLE_MASK (WAVETABLE_SI ZE - 1)

float index;

float rate;

i nt wavet abl ei ndex;
float ratetofloatfactor;
float* wavet abl e;

voi d setupnote(int mdinote /*0 - 127*/)

float f=TUNI NG (float)pow 2, (float) (nidinote-69)/12.0f));
r at e=f * WAVETABLE_SI ZEF/ SPEED,

rat et of | oat f act or =2. Of * SPEED/ WAVETABLE_SI| ZEF;
i ndex=0. Of ;
wavet abl ei ndex=reverse[ (int)(2.0f*f)];

wavet abl e=&sawt oot hdat a[ wavet abl ei ndex* WAVETABLE_SI ZE] ;
}

voi d generatesanpl e(float* buffer,int |ength)

int currentsanple,
i nt nextsanpl e;
float m

float tenprate;
whi | e(l ength--)

{

currentsanpl e=(int) index;
next sanpl e=(currentsanpl e+l) & WAVETABLE_NMASK;
mei ndex- (float) currentsanple; //fractional part

*puf f er ++=( 1. Of - n) *wavet abl e[ cur r ent sanpl e] +n*wavet abl e[ next sanpl e] ;

rate*=slide; //slide coeffecient if required
tenmprate=rate*fm //frequency nodul ation if required
i ndex+=t enpr at e;

i f (i ndex>WAVETABLE_SI ZEF)

/I new cycle, respecify wavetable for sliding
wavet abl ei ndex=reverse[(int)(ratetofloatfactor*tenprate)];

wavet abl e=&saw oot hdat a[ wavet abl ei ndex* WAVETABLE_SI ZE] ;
i ndex- =WAVETABLE_SI ZEF;

}

}

}

/llinear interpolation



Bandlimited waveform generation with hard sync (click this to go back to the index)
References : Posted by Emanuel Landeholm

Linked file : http://www.algonet.se/~e-san/hardsync.tar.gz


http://www.algonet.se/~e-san/hardsync.tar.gz

Bandlimited waveforms synopsis. (click this to go back to the index)

References : Joe Wright
Linked file : waveforms.txt (this linked file is included below)

Notes :
(see linkfile)

Li nked files

From "Joe Wight" <joe@yrsound. conp
To: <nusi c-dsp@hoko. cal arts. edu>

Subj ect: Re: waveform di scussi ons
Date: Tue, 19 COct 1999 14:45:56 +0100

After help fromthis group and reading various literature | have finished ny
wavef orm engi ne. As requested, | amnow going to share sone of the things
are have learnt froma practical viewpoint.

Probl em
The waveforns of interest are sawtooth, square and triangle.

The wavefornms nust be bandlimted (i.e. fitting under Nyquist). This
precl udes sinple generation of the waveforns. For exanple, the
anal ogue/ conti nuous fornmular (which has infinite harnonics):

s(t) = (t*f0) nod 1 (t=tine, fO=frequency of note)

procudues aliasing that cannot be filtered out when converted to the
digital/discrete form

s(n) = (f0*n*Ts) nod 1 (n=sanple, Ts equals 1l/sanpling rate)

The other condition of this problemis that the waveforns are generatable in
real -time. Additionally, bonuses are given for solutions which allow
pul se-wi dt h nodul ati on and triangl e asynmretry.

The generation of these waves is non-triaval and below is discussed three
techni ques to solve the problem - wavetabl es, approxi mation through
processi ng of |sinewave| and BLIT integration. BLIT integration is

di scussed in depth.

Wavet abl es:

You can generate a wavetable for the waveform by summ ng sine waves up to
the Nyquist frequency. For exanple, the sawt ooth waveform can be generated
by:

s(n) = Sun{k=1,n] (1/k *sin(2PI*f0*k*Ts)) where f0*n < Ts/2

The wavetabl e can then be played back, pitched up or down subject that
pitched f*n < Ts/2. Anything lower will not alias but it may |ack sone
hi gher harnonics if pitched too | ow

To cover these situations, use nultiple wavetables describing different
frequency ranges within which it is fine to pitch up or down.

You may need to conprom se between nunber of wavetabl es and accuracy because
of menory considerations (especially if over-sanpling). This neans sone
wavet ables will have to cover |arger ranges than they should. As long as
the range is too far in the lower direction rather than higher, you will not
alias (you will just mss sone higher harnonics).

Wth wavet abl es you can add a sawtooth to an inverted sawmtooth offset in
time, to produce a pul se/square wave. Vary the offset to vary the pul se
wi dth. Asymretry of triangle waves is not possible (as far as | know)

t hough.

Appr oxi mati on through processing of |sinewave|

This nethod is discussed in detail in 'Mdeling Anal og Synthesis with
DSPs' - Conputer Misic Journal, 21:4 pp.23 - 41, Wnter 1997, Lane, Hoory,
Mari nez and Wang.

The basic idea starts with the generation of a sawmtooth by feeding
abs(sin(n)) into a |l owpass followed by a highpass filter. This approxinates
(quite well supposedly) a bandlimted samooth. Unfortunately, details of
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what the cutoff for the | owpass should be were not precise in the paper
(al t hough the highpass cutoff was given).

Square wave and triangle wave approxi mati on was i nplenented by subtracting
abs(sin(n)) and abs(sin(n/2)). Wth different gains, pulse width (and |
presune asymmetry) were possible.

For nmore information, consult the paper.

BLIT intergration

This topic refers to the paper 'Alias-Free Digital Synthesis of Cassic
Anal og Wavefornms' by Tim Stilson and Julius Smith of CCRMA. The paper can
be found at http://ww- ccrma. stanford. edu/ ~stilti/papers

BLIT stands for bandlimted inpluse train. |'mnot going to go into the
theory, you'll have to read the paper for that. However, sinply put, a
pul se train of the form 10000100001000 etc... is not bandlimted.

The forrmular for a BLIT is as follows:

BLIT(x) = (mp) * (sin(Pl*x*m p)/(nmsin(Pl*x/p))

x=sanpl e nunber ranging from1l to period

p=period in samples (fs/f0). Although this should theorectically not be an
interger, | found pratically speaking it needs to be.

m=2*((int)p/2)+1 (i.e. when p=odd, mFp otherw se mFp+1)

[note] in the paper they describe mas the |argest odd interger not

exceedi ng the period when in fact their formular for m(which is the one
that works in practive) nmakes it (int)p or (int)p +1

As an extension, we al so have a bipol ar version:

BP-BLIT k (x)=BLIT(x) - BLIT(x+k) (where k is in the range [0, period])
Now for the clever bit. Lets start with the square/rectangle wave. Through
intergration we get:

Rect (n) = Sum(i=0,n) (BP-BLIT kO (i) - C4)

C4 is a DC offset which for the BP-BLIT is zero. This gives a nice
iteration for rect(n):

Rect (n) = Rect(n-1) + BP-BLIT kO (n) where kO is the pul se wi dth between
[0,period] or in practive [1, period-1]

A triangle wave is given by:

Tri(n) = Sun(i=0,n) (Rect(k) - CB)

Tri(n)

Tri(n-1) + Rect(n) - C6

C6 = kO/ peri od

The triangle nmust al so be scal ed:

Tri(b) = Tri(n-1) + g(f,d)*(Rect(n) - C6)

where g(f,d) = 0.99 / (period* d * (d-1)) d=kO0/ peri od

Theorietcally it could be 1.00 / ... but | found nunerical error sonetines
pushed it over the edge. The paper actually states 2.00/... but for sone
reason | find this to be incorrect.

Lets | ook at some rough and ready code. | find the best thing to do is to
generate one period at a tine and then reset everything. The numeri cal
errors over one period are negligable (based on 32bit float) but if you keep
on going without resetting, the errors start to creep in.

oat period =
oat me2*(int)

oat k=(int)(kO*period);

oat g=0.99f/ (periodg*(k/period)*(1-k/period));
oat t;

oat bpblit;

I sanpl i ngrat e/ f requency;
I
I
I
I
I
| oat square=0. Of ;
I
o]

(period/ 2) +1. Of ;

oat triangl e=0. Of;
r(t=1;t<=period;t++)



bpblit=sin(Pl*(t+1)*m period)/(nfsin(Pl*(t+1)/period));
bpblit-=sin(Pl*(t+k)*nm period)/(nmsin(Pl*(t+k)/period));
squar e+=bpblit;
tri angl e+=g* (squar e+k/ peri od) ;

}

squar e=0;

triangl e=0;

Hi ghly un-optim sed code but you get the point. At each sanple(t) the
out put val ues are square and triangle respectively.

Sawt oot h:

This is given by:

Saw( n)
Saw( n)

Now, C2 is a bit tricky. |Its the average of BLIT for that period (i.e. 1/n
* Sum (k=0,n) (BLIT(k)). [Note] Blit(0) = 0.

Sum( k=0, n) (BLIT(k) - C2) [as opposed to BP-BLIT]
Saw(n-1) + BLIT(n) -

I found the best way to deal with this is to have a | ookup table which you
have generated and saved to disk as a file which contains a value of C2 for
every period you are interested in. This is because |I know of no easy way
to generate C2 in real -tine.

Last thing. M inplenentation of BLIT gives negative values. Therefore ny
sawt ooth is +C2 rather than -C2.

I hope this helps, any questions don't hestitate to contact ne.

Joe Wight - Nyr Sound Ltd
htt p: // ww. nyrsound. com
i nfo@yrsound. com



Bandlimited waveforms... (click this to go back to the index)

References : Posted by Paul Kellet

Notes :
(Quoted from Paul's mail)
Below is another waveform generation method based on a train of sinc functions (actually an alternating loop along a sinc between t=0 and t=period/2).

The code integrates the pulse train with a dc offset to get a sawtooth, but other shapes can be made in the usual ways... Note that 'dc' and 'leak’ may
need to be adjusted for very high or low frequencies.

| don't know how original it is (I ought to read more) but it is of usable quality, particularly at low frequencies. There's some scope for optimisation by
using a table for sinc, or maybe a a truncated/windowed sinc?

I think it should be possible to minimise the aliasing by fine tuning 'dp’ to slightly less than 1 so the sincs join together neatly, but | haven't found the
best way to do it. Any comments gratefully received.

Code :

float p=0.0f; //current position

float dp=1.0f; // change in postion per sanple
float pnmax; /] maxi mum position

float x; //position in sinc function
float |eak=0.995f; //I|eaky integrator

float dc; /1 dc of fset

float saw /] out put

//set frequency...
pmax = 0.5f * getSanpleRate() / freqHz;
dc = -0.498f/ pmax;

//for each sanple...

p += dp;
if(p < 0.0f)
{

p=-p
dp = -dp;

else if(p > prmax)
p = pmax + pmax - p;
dp = -dp;
}
X=pi * p;
if(x < 0.00001f)
x=0.00001f; //don't divide by O

saw = | eak*saw + dc + (float)sin(x)/(x);



Cubic polynomial envelopes (click this to go back to the index)

Type : envellope generation
References : Posted by Andy Mucho

Notes :

This function runs from:

startlevel at Time=0

midlevel at Time/2

endlevel at Time

At moments of extreme change over small time, the function can generate out
of range (of the 3 input level) numbers, but isn't really a problem in

actual use with real numbers, and sensible/real times..

Code :
time = 32
startlevel = 0

m dl evel = 100
endl evel = 120

k = startlevel + endlevel - (mdlevel * 2)
r = startlevel

s = (endlevel - startlevel - (2 * k)) / time
t =(2* k) / (time * time)

bigr =r

bigs = s +t

bigt =2 * t

for(int i=0;i<tine;i++)

bigr = bigr + bigs

bigs = bigs + bigt

Comments

from : thecourier@infinito.it

bye bye

float time = (float)pRect.Width();  //time in sampleframes
float startlevel = (float)pRect.Height(); //max h vedi ma 1.0
float midlevel = 500.f;
float endlevel = 0.f;

float k = startlevel + endlevel - (midlevel * 2);
float r = startlevel,

float s = (endlevel - startlevel - (2 * k)) / time;
float t= (2 * k) / (time * time);

float bigr =r;
float bigs =s + t;
float bigt =2 * t;

for(int i=0;i<time;i++)

bigr = bigr + bigs;

bigs = bigs + bigt;  //bigs? co'e
pDC->SetPixel(i,(int)bigr,RGB (0, 0, 0));
}



Discrete Summation Formula (DSF) (click this to go back to the index)

References : Stylson, Smith and others... (posted by Alexander Kritov)

Notes :

Buzz uses this type of synth.

For cool sounds try to use variable,

for example a=exp(-x/12000)*0.8 // x- num.samples

Code :
doubl e DSF (double x, // input
double a, // a<1.0
double N, // N<Snpl FQ 2,
doubl e fi) // phase
{
double s1 = powma, N-1.0)*sin((N-1.0) *x+fi);
doubl e s2 = pow(a, N)*si n( N*x+fi);
doubl e s3 = a*sin(x+fi);
double s4 =1.0 - (2*a*cos(x)) +(a*a);
if (s4==0)
return O;
el se

return (sin(fi) - s3 - s2 +sl1)/s4;

Comments
from : dfl[*AT*]ccrma.stanford.edu
comment : According to Stilson + Smith, this should be

double s1 = pow(a,N+1.0)*sin((N-1.0)*x+fi);
N
!

Could be a typo though?

from : Alex
comment : yepp..

from:TT

comment : So what is wrong about "double™ up there?
For DSF, do we have to update the phase (fi input) at every sample?
Another question is what's the input x supposed to represent? Thanks!

from : David Lowenfels
comment : input x should be the phase, and fi is the initial phase | guess? Seems redundant to me.
There is nothing wrong with the double, there is a sign typo in the original posting.



DSF (super-set of BLIT) (click this to go back to the index)

Type : matlab code
References : Posted by David Lowenfels

Notes :
Discrete Summation Formula ala Moorer

computes equivalent to sum{k=0:N-1}(a"k * sin(beta + k*theta))
modified from Emanuel Landeholm's C code
output should never clip past [-1,1]

If using for BLIT synthesis for virtual analog:

N = maxN;

a = attn_at_Nyquist * (1/maxN); %hide top harmonic popping in and out when sweeping frequency
beta = pi/2;

num = 1 - a”N * cos(N*theta) - a*( cos(theta) - a"N * cos(N*theta - theta) ); %don't waste time on beta

You can also get growing harmonics if a > 1, but the min statement in the code must be removed, and the scaling will be weird.

Code :

function output = dsf( freq, a, H, sanples, beta)

% = rolloff coeffecient

%1 = nunber of harnonic overtones (fundanental not included)
%eta = harnoni ¢ phase shift

sanpl erate = 44. 1e3;
freq = freqg/sanplerate; %ormalize frequency

bandlimt = sanplerate / 2; %\yqui st

maxN = 1 + floor( bandlimt / freq ); Y%revent aliasing
N = m n(H+2, maxN) ;

theta = 2*pi * phasor(freq, sanples);

epsilon = le-6;
a = mn(a, 1l-epsilon); %revent divide by zero

num = sin(beta) - a*sin(beta-theta) - a”“Nsin(beta + N‘theta) + a”(N+1l)*sin(beta+(N1)*theta);
den = (1 +a* ( a- 2*cos(theta) ));

out put
out put

2*(num ./ den - 1) * freq; %ubtract by one to renpve DC, scale by freq to nornalize
out put * maxN N; %OPTI ONAL: rescale to give |ouder output as rolloff increases

function out = phasor(nornfreq, sanples);
out = nod( (0:sanples-1)*nornfreq , 1);
out = out * 2 - 1; %reke bi pol ar

Comments
from : David Lowenfels
comment : oops, there's an error in this version. frequency should not be normalized until after the maxN calculation is done.



Fast LFO in Delphi... (click this to go back to the index)
References : Posted by Dambrin Didier ( gol [AT] e-officedirect [DOT] com )

Linked file : LEFOGenerator.zip

Notes :
[from Didier's mail...]
[see attached zip file too!]

| was working on a flanger, & needed an LFO for it. | first used a Sin(), but it was too slow, then tried a big wavetable, but it wasn't accurate
enough.

| then checked the alternate sine generators from your web site, & while they're good, they all can drift, so you're also wasting too much CPU in
branching for the drift checks.

So | made a quick & easy linear LFO, then a sine-like version of it. Can be useful for LFO's, not to output as sound.
If has no branching & is rather simple. 2 Abs() but apparently they're fast. In all cases faster than a Sin()

It's in delphi, but if you understand it you can translate it if you want.
It uses a 32bit integer counter that overflows, & a power for the sine output.
If you don't know delphi, $ is for hex (h at the end in c++7?), Single is 32bit float, integer is 32bit integer (signed, normally).

e

de :
unit Unitl;

interface

uses
W ndows, Messages, SysUtils, C asses, Gaphics, Controls, Forms, Dialogs,
StdCtrls, ExtCirls, Conttrls

type
TForml = cl ass(TForm
Pai nt Box1: TPai nt Box;
Bevel 1: TBevel ;
procedur e Pai nt Box1Pai nt (Sender: TObject);

private
{ Private declarations }
public
{ Public declarations }
end;
var

Forml: TFor mil;
i mpl ement ati on
{$R *. DFM

procedure TForml. Pai nt Box1Pai nt (Sender: TQbject);
var n, Pos, Speed: | nt eger;
Qut put, Scal e, Hal f Scal e, PosMul : Si ngl e;
Qur Speed, Qur Scal e: Si ngl e;
begi n
Qur Speed: =100; // 100 sanpl es per cycle
Qur Scal e: =100; // output in -100..100

Pos:=0; // position in our linear LFO
Speed: =Round( $100000000/ Qur Speed) ;

/!l --- triangle LFO ---
Scal e: =Qur Scal e*2;
PosMul : =Scal e/ $80000000;

/1 1oop
for n:=0 to 299 do
Begi n
/1 inc our 32bit integer LFOpos & let it overflow It will be seen as signed when read by the math unit

Pos: =Pos+Speed;

Qut put : =Abs( Pos* PosMul ) - Qur Scal e;

/1 visual
Pai nt box1. Canvas. Pi xel s[ n, Round( 100+Cut put) ] : =cl Red;
End;

/! --- sine-like LFO ---

Scal e: =Sqrt (Qur Scal e*4) ;
PosMul : =Scal e/ $80000000;
Hal f Scal e: =Scal e/ 2;

/1 1oop
for n:=0 to 299 do
Begi n


http://www.musicdsp.org/files/LFOGenerator.zip

/1 inc our 32bit integer LFO pos & let it overflow. It will be seen as signed when read by the math unit
Pos: =Pos+Speed;

Qut put : =Abs( Pos*PosMul ) - Hal f Scal e;
Qut put : =Qut put *( Scal e- Abs(Qut put));

/1 visual

Pai nt box1. Canvas. Pi xel s[ n, Round( 100+Cut put )] : =cl Bl ue;
End;

end;

end.



Fast sine and cosine calculation (click this to go back to the index)

Type : waveform generation

References : Lot's or references... Check Julius O. SMith mainly

Code :

1t
oat a = 2.f*(float)sin(Pi*frequency/sanplerate);

float s[2];

s[0] = 0. 5f;

s[1] = 0.f;

| oop:

s[0] = s[0] - a*s[1];

s[1] = s[1] + a*s[0];
out put _sine = s[0];
out put _cosi ne = s[1]

Comments
from : nigel
comment : This is the Chamberlin state variable filter specialized for infinite Q oscillation. A few things to note:

Like the state variable filter, the upper frequency limit for stability is around one-sixth the sample rate.
The waveform symmetry is very pure at low frequencies, but gets skewed as you get near the upper limit.
For low frequencies, sin(n) is very close to n, so the calculation for "a" can be reduced to a = 2*Pi*frequency/samplerate.

You shouldn't need to resync the oscillator--for fixed point and IEEE floating point, errors cancel exactly, so the osciallator runs forever without drifting
in amplitude or frequency.

from : DFL
comment : Yeah, this is a cool trick! :)

FYI you can set s[0] to whatever amplitude of sinewave you desire. With 0.5, you will get +/- 0.5

from : bigtick@pastnotecut.org

comment : After a while it may drift, so you should resync it as follows:
const float tmp=1.5f-0.5f*(s[1]*s[1]+s[0]*s[0]);
s[O]*=tmp; s[1]*=tmp;

This assumes you set s[0] to 1.0 initially.
‘Tick

from : DFL

comment : Just to expalin the above "resync" equation
(3-x)/2 is an approximation of 1/sqrt(x)
So the above is actually renormalizing the complex magnitude.
[sin?2 (x) + cos™2(x) = 1]

from : antiprosynthesis@hotmail.com
comment : | made a nice little console 'game' using your cordic sinewave approximation. Download it at
http://users.pandora.be/antipro/Other/Ascillator.zip (includes source code). Just for oldschool fun :).



Fast sine wave calculation (click this to go back to the index)

Type : waveform generation
References : James McCartney in Computer Music Journal, also the Julius O. Smith paper

Notes :

(posted by Niels Gorisse)

If you change the frequency, the amplitude rises (pitch lower) or lowers (pitch rise) a LOT | fixed the first problem by thinking about what actually goes
wrong. The answer was to recalculate the phase for that frequency and the last value, and then continue normally.

Code :

Vari abl es:

ip = phase of the first output sanple in radi ans
w = freqg*pi / sanplerate

bl = 2.0 * cos(w)

Init:
yil=sin(ip-w
y2=sin(i p-2*w)
Loop:

y0 = bl*yl - y2

y2 =yl
yl =y0

output is in y0 (y0 = sin(ip + n*freq*pi / sanplerate), n=0, 1, 2, ... | *think¥)

Later note by Janes MCartney:
if you unroll such a loop by 3 you can even elimnate the assigns!!

y0 = bl*yl - y2
y2 = bl*y0 - y1
yl = bl*y2 - yO
Comments

from : kainhart[at]hotmail.com
comment : try using this to make sine waves with frequency less that 1. | did and it gives very rough half triangle-like waves. Is there any way to fix
this? | want to use a sine generated for LFO so | need one that works for low frequencies.



Fast square wave generator (click this to go back to the index)
Type : NON-bandlimited osc...

References : Posted by Wolfgang (wschneider[AT]nexoft.de)

Notes :
Produces a square wave -1.0f .. +1.0f.
The resulting waveform is NOT band-limited, so it's propably of not much use for syntheis. It's rather useful for LFOs and the like, though.

Code :
I dea: use integer overflow to avoid conditional junps.

/1l init:
typedef unsigned | ong ui 32;

float sanpl eRate = 44100.0f; // whatever
float freq = 440.0f; // 440 Hz

float one = 1.0f;
ui 32 intOver = OL;
ui 32 intlncr = (ui32)(4294967296.0 / host Sanpl eRate / freq));

/1 1oop:

(*((ui 32 *)&one)) &= Ox7FFFFFFF; // mask out sign bit
(*((ui 32 *)&one)) |= (intOver & 0x80000000);

intOver += intlncr;

Comments
from : musicdsp at lancej.com
comment : So, how would | get the output into a float variable like square_out, for instance?



Gaussian White noise (click this to go back to the index)

References : Posted by Alexey Menshikov

Z

otes :
Code | use sometimes, but don't remember where | ripped it from.

- Alexey Menshikov

o

de :
#define ranf() ((float) rand() / (float) RAND_MAX)

float ranfGauss (int m float s)
{

static int pass = 0;

static float y2;

float x1, x2, w, yi;

if (pass)

yl =y2;
} else {
do {
x1 2.0f * ranf () - 1.0f;
X2 2.0f * ranf () - 1.0f;
w=x1* x1 + x2 * Xx2;
} while (w>= 1.0f);

w = (float)sqrt (-2.0 * log (W) / w);
yl X1 * w
y2 X2 * w,

}

pass = !pass;

return ( (yl * s + (float) m);
}

Comments

from : davidchristenATgmxDOTnet

comment : White Noise does !not! consist of uniformly distributed values. Because in white noise, the power of the frequencies are uniformly
distributed. The values must be normal (or gaussian) distributed. This is achieved by the Box-Muller Transformation. This function is the polar form of
the Box-Muller Transformation. It is faster and numeriacally more stable than the basic form. The basic form is coded in the other (second) post.
Detailed information on this topic:
http://lwww.taygeta.com/random/gaussian.html
http://lwww.eece.unm.edu/faculty/bsanthan/EECE-541/white2.pdf

Cheers David



Gaussian White Noise (click this to go back to the index)

References : Posted by remage[AT]netposta.hu

Notes :
SOURCE:

Steven W. Smith:
The Scientist and Engineer's Guide to Digital Signal Processing
http://www.dspguide.com

Code :
#define Pl 3.1415926536f

float RL = (float) rand() / (float) RAND MAX;
float R2 = (float) rand() / (float) RAND MAX;

float X = (float) sqrt( -2.0f * log( RL)) * cos( 2.0f * Pl * R2);

Comments

from : pan[at]spinningkids.org

comment : The previous one seems better for me, since it requires only a rand, half log and half sqrt per sample.
Actually, | used that one, but | can't remember where | found it, too. Maybe on Knuth's book.



Inverted parabolic envelope (click this to go back to the index)

Type : envellope generation

References : Posted by James McCartney

Code :

dur = duration in sanples

m dl evel = anplitude at m dpoint

begl evel = beginning and ending |level (typically zero)
anp = mdlevel - beglevel;

rdur = 1.0 / dur;

rdur2 = rdur * rdur;

| evel = begl evel;

slope = 4.0 * anp * (rdur - rdur2);
curve = -8.0 * anp * rdur?2;

for (i=0; i<dur; ++i) {
| evel += sl ope;
sl ope += curve;

}

Comments

from : krakengore@libero.it

comment : This parabola approximation seems more like a linear than a parab/expo envelope... or i'm mistaking something but i tryed everything
and is only linear.

from : exOrOxOr@hotmail.com
comment : slope is linear, but 'slope' is a function of ‘curve'. If you imagine you threw a ball upwards, think of 'curve' as the gravity, 'slope' as the
vertical velocity, and 'level' as the vertical displacement.



Phase modulation Vs. Frequency modulation (click this to go back to the index)
References : Posted by Bram

Linked file : SimpleOscillator.h (this linked file is included below)

Notes :

This code shows what the difference is betwee FM and PM.
The code is NOT optimised, nor should it be used like this.
Itis an <b>EXAMPLE</b>

See linked file.

Linked files
[EEELETEErr i rr i riiririrrl

this code was NEVER MEANT TO BE USED.
use as EXPLANATI ON ONLY for the difference between

Phase Modul ati on and Frequency Mdul ati on.
there are MANY ways to speed this code up.

ps:
we use the 'previous' value of the phase in all the algo's to nake sure that
the first call to the getSanpleXX() function returns the wave at phase 'zero'

I

I

I

I

I

I

I

/1 bram@usi cdsp.org | bram@nartel ectroni x. com

I

I

I

I

I

TEEEEEEEE i
#i ncl ude "mat h. h";

#define Pi 3.141592f

class SinpleGscillator

Si npl eCscil l ator(const float sanpleRate = 44100.f, const |ong tableSize = 4096)

t hi s->t abl eSi ze = tabl eSi ze;
thi s->sanpl eRate = sanpl eRat ¢;

phase = 0. f;

makeTabl e() ;
}

~Si npl eCsci | [ ator ()

delete [] table;

/! normal oscillator, no nodul ation
11
fl oat generateSanpl e(const float frequency)

fl oat | ookupPhase = phase;

phase += frequency * (float)tableSize / sanpl eRate;
wr ap( phase);

return | ookup(l ookupPhase);

}

/1 frequency nodul ation

/1 the fminput should be in HZ

11

/1 exanpl e:

/'] oscl. get Sanpl eFM 440. f, osc2.get Sanpl e(0.5f) * 5.f )

/1 would give a signal where the frequency of the signal is
/1 nodul ated between 435hz and 445hz at a 0.5hz rate

11

fl oat generateSanpl eFM const float frequency, const float fn)
{

fl oat | ookupPhase = phase;

phase += (frequency + fm * (float)tableSize / sanpl eRate;
wr ap( phase) ;

return | ookup(l ookupPhase);

}


http://www.musicdsp.org/files/SimpleOscillator.h

/1 phase nodul ation

I

/'l a phase nod value of 1.f will increase the "phase" of the wave by a full cycle

/1 i.e. calling getSanmpl ePM440.f,1.f) will result in the "sane" wave as get Sanpl ePM 440.f,0.f)
11

fl oat generat eSanpl ePM const float frequency, const float pn

{

float | ookupPhase = phase + (float)tableSize * pm
wr ap( | ookupPhase)

phase += frequency * (float)tableSize / sanpl eRate;
wr ap( phase);

return | ookup(l ookupPhase);

}

/1 do the | ookup in the table

/1 you could use different nethods here

/1 like linear interpollation or higher order...
/1 see nmusicdsp.org

I

float | ookup(const float phase)

{

return tabl e[ (I ong) phase];

—

/1 wap around
11
void wrap(float & n)

while(in < 0.f)
in += (float)tableSi ze;

while(in >= (float)tabl eSi ze)
in -= (float)tableSi ze;

return in;

}

/'l set the sanple rate
11
voi d set Sanpl eRat e(const float sanpl eRate)

thi s->sanpl eRate = sanpl eRat e;

/1 sets the phase of the oscillator

/1 phase shoul d probably be in 0..Pi*2
11

voi d set Phase(const float phase)

{
thi s->phase = phase / (2.f * Pi) * (float)tableSi ze;
wr ap( phase);

private:

fl oat sanpl eRate;
fl oat phase;

float *table;
| ong tabl eSize;

voi d nmakeTabl e()

{

table = new float[tabl eSi ze] ;
for(long i=0;i<tabl eSize;i++)

{
float x = Pi * 2.f * (float)i / (float)tableSize;
table[i] = (float)sin(x);

}
}



Phase modulation Vs. Frequency modulation Il (click this to go back to the index)

References : Posted by James McCartney

Notes :

The difference between FM & PM in a digital oscillator is that FM is added to the frequency before the phase integration, while PM is added to the
phase after the phase integration. Phase integration is when the old phase for the oscillator is added to the current frequency (in radians per sample)
to get the new phase for the oscillator. The equivalent PM modulator to obtain the same waveform as FM is the integral of the FM modulator. Since the
integral of sine waves are inverted cosine waves this is no problem. In modulators with multiple partials, the equivalent PM modulator will have
different relative partial amplitudes. For example, the integral of a square wave is a triangle wave; they have the same harmonic content, but the
relative partial amplitudes are different. These differences make no difference since we are not trying to exactly recreate FM, but real (or nonreal)
instruments.

The reason PM is better is because in PM and FM there can be non-zero energy produced at 0 Hz, which in FM will produce a shift in pitch if the FM
wave is used again as a modulator, however in PM the DC component will only produce a phase shift. Another reason PM is better is that the
modulation index (which determines the number of sidebands produced and which in normal FM is calculated as the modulator amplitude divided by
frequency of modulator) is not dependant on the frequency of the modulator, it is always equal to the amplitude of the modulator in radians. The
benefit of solving the DC frequency shift problem, is that cascaded carrier-modulator pairs and feedback modulation are possible. The simpler
calculation of modulation index makes it easier to have voices keep the same harmonic structure throughout all pitches.

The basic mathematics of phase modulation are available in any text on electronic communication theory.

Below is some C code for a digital oscillator that implements FM,PM,and AM. It illustrates the difference in implementation of FM & PM. It is only
meant as an example, and not as an efficient implementation.

Code :
/* Exanpl e inplenmentation of digital oscillator with FM PM & AM */

#define Pl 3.14159265358979
#defi ne RADI ANS_TO | NDEX (512.0 / (2.0 * Pl))

typedef struct{/* oscillator data */

doubl e freq; /* oscillator frequency in radians per sanple */
doubl e phase; /* accunul ated oscillator phase in radians */
doubl e wavet abl e[ 512]; /* waveform | ookup table */

} Gscil Rec;

/* oscil - conpute 1 sanple of oscillator output whose freq. phase and
* wavet abl e are in the Oscil Rec structure pointed to by orec.

*/

doubl e oscil (orec, fm pm am

Oscil Rec *orec; /* pointer to the oscil's data */

double fm /* frequency nodul ation input in radians per sanple */
doubl e pm /* phase nodul ati on input in radians */

double am /* anplitude nobdulation input in any units you want */

i ndex into wavetable */

oscillator freq + freg nodulation */
oscill ator phase + phase nodul ation */
oscillator output */

{

| ong tabl ei ndex; /
doubl e instantaneous_freq; /
doubl e i nstantaneous_phase; /
doubl e out put; /

E I

i nstantaneous_freq = orec->freq + fm /* get instantaneous freq */
or ec- >phase += instantaneous_freq; /* accunul at e phase */
i nst ant aneous_phase = orec->phase + pn /* get instantaneous phase */

/* convert to | ookup table index */

t abl ei ndex = RADI ANS_TO | NDEX * i nst ant aneous_phase;

tabl ei ndex & 511; /* make it nod 512 === elimnate nultiples of 2*k*Pl */
out put = orec->wavetabl e[tabl eindex] * am /* |ookup and nmult by aminput */

return (output); /* return oscillator output */

}



Pseudo-Random generator (click this to go back to the index)

Type : Linear Congruential, 32bit
References : Hal Chamberlain, "Musical Applications of Microprocessors" (Posted by Phil Burk)

Notes :

This can be used to generate random numeric sequences or to synthesise a white noise audio signal.
If you only use some of the bits, use the most significant bits by shifting right.

Do not just mask off the low bits.

Code :
/* Cal cul ate pseudo-random 32 bit nunber based on |inear congruential method. */
unsi gned | ong Gener at eRandomNunber ( void )

{

/* Change this for different random sequences. */
static unsigned | ong randSeed = 22222;

randSeed = (randSeed * 196314165) + 907633515;
return randSeed,



Pulsewidth modulation (click this to go back to the index)

Type : waveform generation
References : Steffan Diedrichsen
Notes :

Take an upramping sawtooth and its inverse, a downramping sawtooth. Adding these two waves with a well defined delay between 0 and period (1/f)
results in a square wave with a duty cycle ranging from 0 to 100%.




quick and dirty sine generator (click this to go back to the index)
Type : sine generator

References : Posted by couriervst[AT]hotmail[DOT]com

Notes :

this is part of my library, although I've seen a lot of sine generators, I've never seen the simplest one, so | try to do it,
tell me something, I've try it and work so tell me something about it

e

d
PSPsanpl e PSPsi nl::doOsc(int nuntCh)
{

doubl e x=0;
doubl e t =0;

i f(m_tine[ nunCh] >m sanpl eRate) //re-init cycle
m_ti nme[ numCh] =0;

i f(m_time[ nuntCh] >0)

t =(doubl e) (((doubl e)m ti me[ nunth])/ (doubl e) m sanpl eRat e) ;
x=(m_ 2Pl *(double)(t)*mfreq);

}

el se
x=0;

PSPsanpl e r=(PSPsanpl e) sin(x+m phase)*m anp;
m_ti me[ nunCh] ++;

return r;

}

Comments
from : pete@bannister25.plus.com

comment : isn't the sin() function a little bit heavyweight? Since this is based upon slices of time, would it not be much more processor efficient to
use a state variable filter that is self oscillating?

The operation:
t =(double)(((double)m_time[numCh])/(double)m_sampleRate);

also seems a little bit much, since t could be calculated by adding an interval value, which would eliminate the divide (needs more clocks). The divide
would then only need to be done once.

An FDIV may take 39 clock cycles minimum(depending on the operands), whilst an FADD is far faster (3 clocks). An FMUL is comparable to an add,
which would be a predominant instruction if using the SVF method.
FSIN may take between 16-126 clock cylces.
(clock cycle info nabbed from: http://www.singlix.com/trdos/pentium.txt)
from : rossb@audiomulch.com

comment : See also the fun with sinusoids page:
http://www.audiomulch.com/~rossb/code/sinusoids/



SawsSin (click this to go back to the index)

Type : Oscillator shape

References : Posted by Alexander Kritov

o

de :
doubl e sawsi n(doubl e x)
{

double t = frod(x/(2*M_Pl), (doubl e)1.0);
if (t>0.5)

return -sin(x);
if (t<=0.5)

return (double)2.0*t-1.0;

-



Sine calculation (click this to go back to the index)

Type : waveform generation, Taylor approximation of sin()
References : Posted by Phil Burk

Notes :

Code from JSyn for a sine wave generator based on a Taylor Expansion. It is not as efficient as the filter methods, but it has linear frequency control
and is, therefore, suitable for FM or other time varying applications where accurate frequency is needed. The sine generated is accurate to at least 16
bits.

Code :
for(i=0; i < nSanples ; i++)
{

/| Generate sawt ooth phasor to provi de phase for sine generation
I ncr ement W apPhase(phase, fregPtr[i]);
/1 Wap phase back into region where results are nore accurate

i f(phase > 0.5)
yp = 1.0 - phase;
el se

i f(phase < -0.5)
yp = -1.0 - phase;

el se
yp = phase;
}
X =yp * Pl;
X2 = X*X;

// Tayl or expansion out to x**9/9! factored into nultiply-adds
fastsin = x*(x2*(x2*(x2*(x2*(1.0/362880. 0)
- (1.0/5040.0))
(1.0/120.0))
(1.0/6.0))
1.0);

+ '+

outPtr[i] = fastsin * anpl Ptr[i];



Square Waves (click this to go back to the index)

Type : waveform generation
References : Posted by Sean Costello

Notes :
One way to do a square wave:

You need two buzz generators (see Dodge & Jerse, or the Csound source code, for implementation details). One of the buzz generators runs at
the desired square wave frequency, while the second buzz generator is exactly one octave above this pitch. Subtract the higher octave buzz
generator's output from the lower buzz generator's output - the result should be a signal with all odd harmonics, all at equal amplitude. Filter the
resultant signal (maybe integrate it). Voila, a bandlimited square wave! Well, | think it should work...

The one question | have with the above technique is whether it produces a waveform that truly resembles a square wave in the time domain. Even if
the number of harmonics, and the relative ratio of the harmonics, is identical to an "ideal" bandwidth-limited square wave, it may have an

entirely different waveshape. No big deal, unless the signal is processed by a nonlinearity, in which case the results of the nonlinear processing will be
far different than the processing of a waveform that has a similar shape to a square wave.

Comments

from : dfl AT stanford. edu

comment : Actually, | don't think this would work...
The proper way to do it is subtract a phase shifted buzz (aka BLIT) at the same frequency. This is equivalent to comb filtering, which will notch out the
even harmonics.



Waveform generator using MinBLEPS (click this to go back to the index)
References : Posted by locke[AT]rpgfan.demon.co.uk
Linked file : MinBLEPS.zip

Notes :
C code and project file for MSVCB6 for a bandwidth-limited saw/square (with PWM) generator using MinBLEPS.

This code is based on Eli's MATLAB MinBLEP code and uses his original minblep.mat file.
Instead of keeping a list of all active MinBLEPS, the output of each MinBLEP is stored in a buffer, in which all consequent MinBLEPS and the
waveform output are added together. This optimization makes it fast enough to be used realtime.

Produces slight aliasing when sweeping high frequencies. | don't know wether Eli's original code does the same, because | don't have MATLAB. Any
help would be appreciated.

The project name is 'hardsync’, because it's easy to generate hardsync using MinBLEPS.

Code :


http://www.musicdsp.org/files/MinBLEPS.zip

Wavetable Synthesis (click this to go back to the index)
References : Robert Bristow-Johnson

Linked file : http://www.harmony-central.com/Synth/Articles/Wavetable 101/Wavetable-101.pdf

Notes :
Wavetable sythesis AES paper by RBJ.


http://www.harmony-central.com/Synth/Articles/Wavetable_101/Wavetable-101.pdf

Weird synthesis (click this to go back to the index)

References : Posted by Andy M0Ocho

Notes :

(quoted from Andy's mail...)

What I've done in a soft-synth I've been working on is used what I've termed Fooglers, no reason, just liked the name :) Anyway all I've done is use a
*VERY* short delay line of 256 samples and then use 2 controllable taps into the delay with High Frequency Damping, and a feedback parameter.

Using a tiny fixed delay size of approx. 4.8ms (really 256 samples/1k memory with floats) means this costs, in terms of cpu consumption practically
nothing, and the filter is a real simple 1 pole low-pass filter. Maybe not DSP'litically correct but all | wanted was to avoid the high frequencies trashing
the delay line when high feedbacks (99%->99.9%) are used (when the fun starts ;).

I've been getting some really sexy sounds out of this idea, and of course you can have the delay line tuneable if you choose to use fractional taps, but
I'm happy with it as it is.. 1 nice simple, yet powerful addition to the base oscillators.

In reality you don't need 2 taps, but | found that using 2 added that extra element of funkiness...

Comments
from : philmagnotta@aol.com
comment : Andy:
I'm curious about your delay line. It's length is
4.8 m.sec.fixed. What are the variables in the two controllable taps and is the 6dB filter variable frequency wise?
Phil

from : electropop@yahoo.com
comment : What you have there is the core of a physical modelling algorithm. | have done virtually the same thing to model plucked string
instruments in Reaktor. It's amazingly realistic. See http://joeorgren.com



Coefficients for Daubechies wavelets 1-38 (click this to go back to the index)
Type : wavelet transform

References : Computed by Kazuo Hatano, Compiled and verified by Olli Niemitalo

Linked file : daub.h (this linked file is included below)

Linked files
/* Coefficients for Daubechi es wavel ets 1-38

2000. 08. 10 - Sone nore info added.

Conput ed by Kazuo Hatano, Aichi Institute of Technol ogy.
ftp://phase.etl.go.jp/pub/phase/ wavel et/i ndex. ht m

Conpil ed and verified by Ali N enitalo.

Di screte Wavel et Transformati on (DW) breaks a signal down into
subbands distributed logarithimcally in frequency, each sanpled
at a rate that has a natural proportion to the frequencies in that
band. The traditional fourier transformation has no time domain
resolution at all, or when done using nmany short wi ndows on a

| onger data, equal resolution at all frequencies. The distribution
of sanples in the tine and frequency domain by DWM is of form

log f
| SOOKKKXXXXXXXX X = a sanpl e
[ X X X X X X X X f = frequency
[ X X X X t =tinme
| X X
| X
________________ t
Single
subband deconposition and reconstruction:
-> high -> decimate ------------- > dilute -> high
| pass by 2 hi gh subband by 2 pass \
in | + out
| /[ =in
->|low ->decimate ------------- > dilute -> low
pass by 2 | ow subband by 2 pass

This creates two subbands fromthe input signal, both sanpled at half
the original frequency. The filters approximate halfband FIR filters
and are deternined by the choice of wavel et. Using Daubechi es wavel ets
(and nost others), the data can be reconstructed to the exact original
even when the halfband filters are not perfect. Note that the anount
of information (sanples) stays the same throughout the operation.

Deci mati on by 2: ABCDEFGH JKLMNOPQR -> ACEQ KMOQ
Dilution by 2: ACEJ KMOQ -> AOCOEOGOI OKOMIOOQO

To get the logarithnmic resolution in frequency, the | ow subband is
re-transformed, and again, the | ow subband fromthis transformation
gets the sane treatnent etc.

Deconposi ti on:

-> high -> decimate -------------------o > subbandO
| pass by 2
in | -> high -> decimate --------------- > subbandl
| pass by 2
-> | ow -> deci m | -> high -> deci m-> subband2
pass by 2 | pass by 2

|
-> |l ow -> decim |
I

E I I R S R R R I N R N R R R I I I I T R R . I S N I I I A A

pass by 2 down to what suffices
> or if periodic data,
until short of data
Reconstructi on:
subbandQ ------------ i > dilute -> high
by 2 pass \
subbandl ------------------ > dilute -> high + out
by 2 pass \ /[  =in
subband2 -> dilute -> high + dilute -> | ow
by 2 pass \ [ by 2 pass
+ dilute -> | ow
Start . / by 2 pass

here! . ->dilute -> | ow


http://www.musicdsp.org/files/daub.h

by 2 pass

In areal-time application, the filters introduce del ays, so you need
to conpensate them by adding additional delays to |ess-delayed hi gher
bands, to get the summation work as intended

For periodic signals or wi ndowed operation, this problemdoesn't exist -
a single subband transformation is a matrix multiplication, with wapping
inplemrented in the matrix:

Deconposi tion:

| LO| |CO C1 &2 C3 | |10] L = | owpass out put

| HO| |3 -C2 C1L -Q0 | |11 H = hi ghpass out put

| L1] | G Cl &2 3 | [12] I = input

| H1| = | G -2 Cl - | |13 C = coefficients

| L2] | O C1 C cC3] |14

| H2| | C3-C2 C1-00] |I5

| L3] |2 C3 Co C1| |16

| H3| |Cl -C0 C3 -C2| |17] Daubechi es 4-coef:
1+sqrt (3) 3+sqrt(3) 3-sqrt(3) 1-sqrt(3)

e, Cl = --------- C2 = --------- C3 = ---------

4 sqgrt(2) 4 sqrt(2) 4 sqgrt(2) 4 sqrt(2)

Reconstructi on:

| 10] |0 C3 C2 Cl] |LO

[ 11 |ClL -C2 C3 -C0| |HO

| 12] |2 C1 <o | |L1

[I13] =|C -C0 C1L -2 | |HL

| 14 | c2 C1 o 3 | L2

| 15] | C3 -0 Cl -2 | | H2|

| 16] | C2 C1 C0 C3| |L3|

[17] | G -C0 C1-C2| |H3

This file contains the lowass FIRfilter coefficients. H ghpass
coefficients you get by reversing tap order and nultiplying by
sequence 1,-1, 1,-1, ... Because these are orthogonal wavelets, the
anal ysi s and reconstruction coefficients are the sane.

A coefficient set convolved by its reverse is an ideal hal fband | owpass
filter multiplied by a symmetric w ndowi ng function. This creates the
kind of synmretry in the frequency domain that enables aliasing-free
reconstruction. Daubechi es wavel ets are the m ni mum phase, m ni num
nunmber of taps solutions for a number of vanishing nonments (seven in
Daub7 etc), which determ nes their frequency selectivity.

/
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const doubl e Daubl[2] = {
7.071067811865475244008443621048490392848359376884740365883398e- 01
7.071067811865475244008443621048490392848359376884740365883398e- 01} ;

const doubl e Daub2[4] = {
4.829629131445341433748715998644486838169524195042022752011715e- 01
8. 365163037378079055752937809168732034593703883484392934953414e- 01
2.241438680420133810259727622404003554678835181842717613871683e-01
- 1. 294095225512603811744494188120241641745344506599652569070016e- 01} ;

const doubl e Daub3[6] = {

. 326705529500826159985115891390056300129233992450683597084705e- 01,
. 068915093110925764944936040887134905192973949948236181650920e- 01

. 598775021184915700951519421476167208081101774314923066433867e- 01,
. 350110200102545886963899066993744805622198452237811919756862e- 01

. 544127388202666169281916918177331153619763898808662976351748e- 02,
. 522629188570953660274066471551002932775838791743161039893406e- 02} ;

WO M~OOW

const doubl e Daub4[8] = {

. 303778133088965008632911830440708500016152482483092977910968e- 01

. 148465705529156470899219552739926037076084010993081758450110e- 01,
. 308807679298589078817163383006152202032229226771951174057473e- 01

. 798376941685985421141374718007538541198732022449175284003358e- 02,
.870348117190930840795706727890814195845441743745800912057770e- 01,
.084138183556076362721936253495905017031482172003403341821219e- 02,
.288301166688519973540751354924438866454194113754971259727278e- 02,
. 059740178506903210488320852402722918109996490637641983484974e- 02} ;

'
PWWRENONN

const doubl e Daub5[10] = {

1.601023979741929144807237480204207336505441246250578327725699e- 01,
6.038292697971896705401193065250621075074221631016986987969283e- 01
7.243085284377729277280712441022186407687562182320073725767335e- 01,
1.384281459013207315053971463390246973141057911739561022694652e- 01
-2.422948870663820318625713794746163619914908080626185983913726e- 01



- 3.224486958463837464847975506213492831356498416379847225434268e- 02,
7.757149384004571352313048938860181980623099452012527983210146e- 02
-6.241490212798274274190519112920192970763557165687607323417435e- 03,
-1.258075199908199946850973993177579294920459162609785020169232e- 02,
3.335725285473771277998183415817355747636524742305315099706428e- 03} ;

const doubl e Daub6[12] = {

. 115407433501094636213239172409234390425395919844216759082360e- 01,
. 946238903984530856772041768778555886377863828962743623531834e-01,
.511339080210953506789344984397316855802547833382612009730420e- 01,
. 152503517091976290859896548109263966495199235172945244404163e- 01,
. 262646939654398200763145006609034656705401539728969940143487e-01
. 297668675672619355622896058765854608452337492235814701599310e- 01,
. 750160558732304910234355253812534233983074749525514279893193e- 02
. 752286553030572862554083950419321365738758783043454321494202e- 02
. 158203931748602956507908069984866905747953237314842337511464e-02,
. 538422011614961392519183980465012206110262773864964295476524e- 04,
. 777257510945510639635975246820707050230501216581434297593254e- 03,
.077301085308479564852621609587200035235233609334419689818580e- 03} ;

PAROOWNOFRNWNDE

const doubl e Daub7[14] = {

. 785205408500917901996352195789374837918305292795568438702937e- 02,
.965393194819173065390003909368428563587151149333287401110499e- 01
.291320908462351199169430703392820517179660611901363782697715e- 01,
. 697822874051931224715911609744517386817913056787359532392529¢e- 01
.439060039285649754050683622130460017952735705499084834401753e- 01,
. 240361849938749826381404202332509644757830896773246552665095e- 01
. 130921926683026475087657050112904822711327451412314659575113e- 02
.061260915108307191292248035938190585823820965629489058139218e- 02,
. 802993693501441357959206160185803585446196938467869898283122e- 02
. 657454163066688065410767489170265479204504394820713705239272e- 02,
. 255099855609984061298988603418777957289474046048710038411818e- 02,
. 295779729213665211321291228197322228235350396942409742946366e- 04,
. 801640704047490915268262912739550962585651469641090625323864e- 03,
. 537137999745202484462958363064254310959060059520040012524275e- 04} ;

WRARRPWONNPEDNWN

const doubl e Daub8[16] = {

.441584224310400995500940520299935503599554294733050397729280e- 02
.128715909142999706591623755057177219497319740370229185698712e- 01
. 756307362972898068078007670471831499869115906336364227766759e- 01,
. 853546836542067127712655200450981944303266678053369055707175e-01
. 582910525634930566738054787646630415774471154502826559735335e- 02,
. 840155429615469265162031323741647324684350124871451793599204e-01
. 724845739132827703605900098258949861948011288770074644084096e- 04,
. 287474266204784588570292875097083843022601575556488795577000e- 01,
. 736930100180754616961614886809598311413086529488394316977315e-02,
.408825393079475150676372323896350189751839190110996472750391e- 02
. 398102791739828164872293057263345144239559532934347169146368e- 02
. 746094047405776716382743246475640180402147081140676742686747e-03
. 870352993451574310422181557109824016634978512157003764736208e- 03,
.917403733769470462980803573237762675229350073890493724492694e- 04,
. 754494064505693663695475738792991218489630013558432103617077e- 04,
.174767841247695337306282316988909444086693950311503927620013e- 04} ;

RPOWRORARRLRANREUOWOU

const doubl e Daub9[ 18] = {

. 807794736387834658869765887955118448771714496278417476647192e-02,
2.438346746125903537320415816492844155263611085609231361429088e- 01
. 048231236901111119030768674342361708959562711896117565333713e- 01,
. 572880780513005380782126390451732140305858669245918854436034e- 01
. 331973858250075761909549458997955536921780768433661136154346e- 01
. 932737832791749088064031952421987310438961628589906825725112e- 01,
. 684078322297646051350813353769660224825458104599099679471267e- 02,
.485407493381063801350727175060423024791258577280603060771649e- 01,
.072568147933337921231740072037882714105805024670744781503060e- 02,
. 763282906132997367564227482971901592578790871353739900748331e- 02,
.509471148314519575871897499885543315176271993709633321834164e- 04,
. 236166212367909720537378270269095241855646688308853754721816e- 02,
. 723204757751397277925707848242465405729514912627938018758526e- 03,
. 281503682463429834496795002314531876481181811463288374860455e- 03,
. 847646883056226476619129491125677051121081359600318160732515e- 03,
. 303857635231959672052163928245421692940662052463711972260006e- 04,
.519631889427101369749886842878606607282181543478028214134265e- 04,
. 934732031627159948068988306589150707782477055517013507359938e- 05} ;

w
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const doubl e Daubl10[20] = {

. 667005790055555358661744877130858277192498290851289932779975e- 02,
. 881768000776914890208929736790939942702546758640393484348595e- 01,
.272011889317255864817448279595081924981402680840223445318549¢e-01
. 884590394536035657418717825492358539771364042407339537279681e- 01,
.811723436605774607487269984455892876243888859026150413831543e-01
. 498464243273153794161018979207791000564669737132073715013121e- 01,
. 959462743773770435042992543190981318766776476382778474396781e-01
. 273693403357932600826772332014009770786177480422245995563097e- 01

PREPNNOORN



. 305736460357235116035228983545273226942917998946925868063974e- 02,
. 139414716639708714533609307605064767292611983702150917523756e- 02,
. 945753682187581285828323760141839199388200516064948779769654e- 02,
. 321267405934100173976365318215912897978337413267096043323351e- 02,
. 606553566956169655423291417133403299517350518618994762730612e- 03,
. 073317548333057504431811410651364448111548781143923213370333e- 02
. 395351747052901165789318447957707567660542855688552426721117e- 03,
. 992405295185056117158742242640643211762555365514105280067936e- 03,
. 858566949597116265613709819265714196625043336786920516211903e- 04,
. 164668551292854509514809710258991891527461854347597362819235e- 04,
. 358867032006959133405013034222854399688456215297276443521873e- 05,
. 326420289452124481243667531226683305749240960605829756400674e- 05} ;

'
PORPORRPFRPWOWWONNO

const doubl e Daub11[22] = {

. 869429776147108402543572939561975728967774455921958543286692e- 02
.440670211506245127951915849361001143023718967556239604318852e- 01,
.498997643560453347688940373853603677806895378648933474599655e- 01,
. 856867749162005111209386316963097935940204964567703495051589¢- 01
.119643689479074629259396485710667307430400410187845315697242e- 01,
. 622752450274903622405827269985511540744264324212130209649667e- 01
. 742308468179469612021009452835266628648089521775178221905778e- 01
. 604358819668319190061457888126302656753142168940791541113457e-02,
.498120124663784964066562617044193298588272420267484653796909e- 01
. 647995511668418727161722589023744577223260966848260747450320e- 02,
. 643878569502520527899215536971203191819566896079739622858574e- 02,
.133509021904607603094798408303144536358105680880031964936445e- 02,
. 084090436018106302294811255656491015157761832734715691126692e- 02,
. 536482090620159942619811609958822744014326495773000120205848e- 02
. 340858873014445606090808617982406101930658359499190845656731e- 03,
.928417656059041123170739741708273690285547729915802418397458e- 03,
. 085928588151431651754590726278953307180216605078488581921562e- 04,
. 930232506662646133900824622648653989879519878620728793133358e- 04,
.491525235528234988712216872666801088221199302855425381971392e- 04,
. 443907469936847167357856879576832191936678525600793978043688e- 05
. 463498418698499554128085159974043214506488048233458035943601e- 05,
. 494274277236510095415648282310130916410497987383753460571741e- 06} ;

PWOAOANOWAWRNWORARFRPRONRFRMAOOARLE

const doubl e Daubl12[24] = {

. 311225795722951750674609088893328065665510641931325007748280e- 02,
. 095662728211851546057045050248905426075680503066774046383657e- 01
. 773551352142126570928212604879206149010941706057526334705839e- 01
. 571987225793070893027611286641169834250203289988412141394281e- 01,
. 158864784278156087560326480543032700677693087036090056127647e-01
. 476388565377462666762747311540166529284543631505924139071704e- 02,
.161784537527855368648029353478031098508839032547364389574203e- 01
. 377925725606972768399754609133225784553366558331741152482612e- 02,
. 824786059275796798540436116189241710294771448096302698329011e- 01
. 359569674352150328276276729768332288862665184192705821636342e- 03,
. 643212009650708202650320534322484127430880143045220514346402e- 02,
. 084913025582218438089010237748152188661630567603334659322512e- 02,
. 154627749508444073927094681906574864513532221388374861287078e- 02,
. 221864906974828071998798266471567712982466093116558175344811e- 02,
. 284082519830068329466034471894728496206109832314097633275225e- 02,
. 711499008795509177767027068215672450648112185856456740379455e- 03,
. 248607240995237599950865211267234018343199786146177099262010e- 03
. 179503618627760471598903379584171187840075291860571264980942e- 03,
. 545128212509595566500430399327110729111770568897356630714552e- 06
. 886530628209314435897288837795981791917488573420177523436096e- 04,
. 850410920820432420821645961553726598738322151471932808015443e- 05,
. 424154575703078402978915320531719580423778362664282239377532e- 05,
. 277695221937976658714046362616620887375960941439428756055353e- 05
.529071758068510902712239164522901223197615439660340672602696e- 06} ;

PRPNOWONNORRPARPOURPRNWAMIIOWREF

const doubl e Daubl13[26] = {

. 202133538962367972970163475644184667534171916416562386009703e- 03,
. 286124387290277964432027131230466405208113332890135072514277e- 02
.119963221604380633960784112214049693946683528967180317160390e- 01
.110558511587876528211995136744180562073612676018239438526582e- 01
. 888895704312189080710395347395333927665986382812836042235573e-01
. 698572617964723731023739838087494399231884076619701250882016e- 02,
.149729077113886329981698255932282582876888450678789025950306e- 01
. 245767307508152589413808336021260180792739295173634719572069e- 01,
. 794760794293398432348450072339369013581966256244133393042881e-01
. 294893365677716380902830610477661983325929026879873553627963e- 02,
. 058076181879343264509667304196464849478860754801236658232360e-01,
. 648840647534369463963912248034785726419604844297697016264224e-02,
.613947710028342886214501998387331119988378792543100244737056e- 02
. 379972254059078811465170958554208358094394612051934868475139%¢e- 03
. 383142071032364903206403067757739134252922717636226274077298e- 02
.923941448797416243316370220815526558824746623451404043918407e- 03,
. 255589401617566194518393300502698898973529679646683695269828e- 03,
. 761911234656862178014576266098445995350093330501818024966316e- 03,
. 315673911892298936613835370593643376060412592653652307238124e- 03,

PN~NWNNONRPNRPRFRPWOUIO WO
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. 323261308672633862226517802548514100918088299801952307991569e- 04,
. 925152512628946192140957387866596210103778299388823500840094e- 05,
.651289885565054894616687709238000755898548214659776703347801e- 04,
. 067853757932549346649483228575476236600428217237900563128230e- 05,
. 044193057140813708170714991080596951670706436217328169641474e- 05,
. 700416479360868325650195165061771321650383582970958556568059¢- 06,
.220035098454864691736424354843176976747052155243557001531901e- 07} ;

const doubl e Daub14[28] = {

PRPARPODRWONRPWOWNRPOOWNOONORENNNOONOO®

.461153460087947818166397448622814272327159419201199218101404e- 03
. 236475884939889832798566758434877428305333693407667164602518e- 02,
. 548502677926213536659077886778286686187042416367137443780084e- 01,
. 543056179408938359926831449851154844078269830951634609683997e- 01,
.311878491048567795576617135358172348623952456570017289788809¢e- 01,
. 186706877589065214917475918217517051765774321270432059030273e- 01,
. 716885522787480414142192476181171094604882465683330814311896e- 01,
. 180335299932760447555558812702311911975240669470604752747127e- 01,
. 383952138648065910739939690021573713989900463229686119059119e- 01,
. 399890165844607012492943162271163440328221555614326181333683e- 01,
.674841156816968904560822066727795382979149539517503657492964e- 02,
. 154895550404613073584145115173807990958069673129538099990913e- 02,
. 523712625921604411618834060533403397913833632511672157671107e- 02,
.698140830791291697399031403215193343375766595807274233284349e- 02
. 018535154039063518714822623489137573781575406658652624883756e- 02
. 615049530356959133218371367691498637457297203925810387698680e- 03
. 278949326633340896157330705784079299374903861572058313481534e- 02,
.462189892683849371817160739181780971958187988813302900435487¢e- 04,
. 849638868022187445786349316095551774096818508285700493058915e- 03,
.061691085606761843032566749388411173033941582147830863893939e- 03,
. 080211542355278586442977697617128983471863464181595371670094e- 04,
. 868319473129544821076663398057314427328902107842165379901468e- 04,
.177724577037259735267979539839258928389726590132730131054323e- 05,
. 875504252697509603873437021628031601890370687651875279882727e- 05,
. 033720918457077394661407342594814586269272509490744850691443e- 05
. 389704901781394115254042561367169829323085360800825718151049e- 06,
. 724994675367812769885712692741798523587894709867356576910717e- 06,
. 787139968311359076334192938470839343882990309976959446994022e- 07} ;

const doubl e Daub15[30] = {

OORPWNNRFRPWWRNOORNNOWRWRONRFPWORAN

i

. 538537361578898881459394910211696346663671243788786997916513e- 03

4.674339489276627189170969334843575776579151700214943513113197e- 02,

.060238639869957315398915009476307219306138505641930902702047e- 01,
.926317717081396236067757074029946372617221565130932402160160e- 01,
.458131403574243581764209120106917996432608287494046181071489e- 01,
. 390025354547315276912641143835773918756769491793554669336690e- 01,
. 932041396091454287063990534321471746304090039142863827937754e- 01,
. 888825965669656462484125009822332981311435630435342594971292e- 01,
. 528295284877281692283107919869574882039174285596144125965101e- 02,
.901467140071229823484893116586020517959501258174336696878156e- 01,
. 966617655579094448384366751896200668381742820683736805449745e- 02,
.111209360372316933656710324674058608858623762165914120505657e- 01,
. 387714392350768620854817844433523770864744687411265369463195e- 02,
. 478055058450761268913790312581879108609415997422768564244845e- 02
.576700732843996258594525754269826392203641634825340138396836e- 02,
.081005016969308167788483424677000162054657951364899040996166e- 02,
. 508391802783590236329274460170322736244892823305627716233968e- 02,
.101000360407543169708860185565314724801066527344222055526631e- 03
.487734560315744995181683149218690816955845639388826407928967e- 03
.417564907616242811667225326300179605229946995814535223329411e- 04,
. 943323980382211541764912332541087441011424865579531401452302e- 03,
. 734823541376169920098094213645414611387630968030256625740226e- 04,
. 595652443624688121649620075909808858194202454084090305627480e- 04,
. 558964899205997479471658241227108816255567059625495915228603e- 04,
. 579269915531893680925862417616855912944042368767340709160119e- 05,
. 813329626604781364755324777078478665791443876293788904267255e- 05,
. 362987181737579803124845210420177472134846655864078187186304e- 06,
.811270407940577083768510912285841160577085925337507850590290e- 06,
. 316882325881664421201597299517657654166137915121195510416641e- 07,
. 133359913305752029056299460289788601989190450885396512173845e- 08} ;

const doubl e Daubl16[32] = {

PNNNWORAOORARFRPWW

. 189220925347738029769547564645958687067086750131428767875878e- 03

.490771432367334641030147224023020009218241430503984146140054e- 02

.650642834888531178991252730561134811584835002342723240213592e- 01,
.303127228460038137403925424357684620633970478036986773924646e- 01,
. 373563320837888986319852412996030536498595940814198125967751e- 01,
.402902568863569000390869163571679288527803035135272578789884e- 01,
. 975108940248964285718718077442597430659247445582660149624718e- 02

.270633105279177046462905675689119641757228918228812428141723e- 01,
. 791820813302827668264519595026873204339971219174736041535479e- 02,
.111906939471042887209680163268837900928491426167679439251042e- 01,
. 734026375271604136485245757201617965429027819507130220231500e- 02,
. 323883055638103904500474147756493375092287817706027978798549e- 01,

1



.239722752474871765674503394120025865444656311678760990761458e- 03,
. 592423604427631582148498743941422461530405946100943351940313e- 02,
. 588974368857737638494890864636995796586975144990925400097160e- 03,
.688839769173014233352666320894554314718748429706730831064068e- 02
. 029765964095596941165000580076616900528856265803662208854147e- 02,
. 399376885982873102950451873670329726409840291727868988490100e- 02,
.990014563413916670284249536517288338057856199646469078115759e- 03,
. 644279621498389932169000540933629387055333973353108668841215e- 03,
.128023381206268831661202559854678767821471906193608117450360e- 03,
.078969808497128362417470323406095782431952972310546715071397e- 04,
.410217493595675889266453953635875407754747216734480509250273e- 04,
. 142415200387223926440228099555662945839684344936472652877091e- 04,
. 747872452253381803801758637660746874986024728615399897971953e- 04,
. 103596621410935835162369150522212811957259981965919143961722e- 05
. 394566898820889345199078311998401982325273569198675335408707e- 05,
. 133660866127625858758848762886536997519471068203753661757843e- 05,
. 043571342311606501525454737262615404887478930635676471546032e- 06,
. 363656785451205512099695719725563646585445545841663327433569e- 07,
. 308784086857545866405412732942006121306306735866655525372544e- 07,
. 109339630100743097000572623603489906836297584591605307745349e- 08} ;

NNNFRPRPPRPORPPRPODMOVWORPRPWOWNNO

const doubl e Daubl7[34] = {

. 241807001037312853535962677074436914062191880560370733250531e- 03,
. 598539370360604338914864591720788315473944524878241294399948e- 02
. 312149033078244065775506231859069960144293609259978530067004e- 01
. 703507241526411504492548190721886449477078876896803823650425e- 01,
. 109966156846228181886678867679372082737093893358726291371783e-01
. 183157640569378393254538528085968046216817197718416402439904e- 01,
. 731497040329363500431250719147586480350469818964563003672942e- 02
. 283207483639617360909665340725061767581597698151558024679130e- 01
. 265997522158827028744679110933825505053966260104086162103728e- 01
. 973105895650109927854047044781930142551422414135646917122284e-01
.011354891774702721509699856433434802196622545499664876109437e-01
. 268156917782863110948571128662331680384792185915017065732137e-01
. 709141963167692728911239478651382324161160869845347053990144e- 02
. 110598665416088507965885748555429201024364190954499194020678e- 02,
. 231233617810379595339136059534813756232242114093689244020869e- 02
. 692243838926973733300897059211400507138768125498030602878439e- 02
. 270955535819293781655360222177494452069525958061609392809275e- 03,
. 273367658394627031845616244788448969906713741338339498024864e- 02,
. 042989981354637068592482637907206078633395457225096588287881e- 03,
. 602921520322854831713706413243659917926736284271730611920986e- 03,
. 967996691526094872806485060008038269959463846548378995044195e- 03,
. 301205242153545624302059869038423604241976680189447476064764e- 03,
. 436845304802976126222890402980384903503674530729935809561434e- 03
.281325194098379713954444017520115075812402442728749700195651e- 04,
. 394654277686436778385677527317841632289249319738892179465910e- 04,
.561010956654845882729891210949920221664082061531909655178413e- 05,
. 204803202453391839095482576282189866136273049636764338689593e- 05,
. 318681379874595084482068205706277572106695174091895338530734e- 05,
. 990600985076751273204549700855378627762758585902057964027481e- 06,
. 505942477222988194102268206378312129713572600716499944918416e- 06,
. 016549609994557415605207594879939763476168705217646897702706e- 07,
. 957700933316856754979905258816151367870345628924317307354639e- 07,
. 423948446002680178787071296922877068410310942222799622593133e- 08,
. 267492968561608110879767441409035034158581719789791088892046e- 09} ;

~NONWAONONBAWRNNOWNWANOUIRRPERPRPWONOOOWENN

const doubl e Daub18[36] = {

. 576310218440760431540744929939777747670753710991660363684429e- 03,
.928853172414637705921391715829052419954667025288497572236714e- 02,
. 035884658224235962241910491937253596470696555220241672976224e-01
. 146789413370316990571998255652579931786706190489374509491307e- 01,
. 718268077666072234818589370900623419393673743130930561295324e-01
. 718016548886513352891119994065965025668047882818525060759395e- 01
.472231119699281415750977271081072312557864107355701387801677e-01
. 936540407365587442479030994981150723935710729035053239661752e- 01
. 164809340051429711237678625668271471437937235669492408388692e- 01
. 495339755653777893509301738913667208804816691893765610261943e-01
.670813127632574045149318139950134745324205646353988083152250e- 01
.233188415084628060429372558659459731431848000144569612074508e- 02
. 067522466598284855932200581614984861385266404624112083917702e-01
.488721621190544281947577955141911463129382116634147846137149e- 02
. 705124773853688412090768846499622260596226120431038524600676e- 02,
.452614190298232471556143559744653492971477891439833592755034e- 02
. 373321039586000103275209582665216110197519330713490233071565e- 02,
. 667070592647059029987908631672020343207895999936072813363471e-02,
. 262167954305707485236093144497882501990325204745013190268052e- 03,
. 305148094661200177277636447600807169755191054507571666606133e- 02
. 186300338581174657301741592161819084544899417452317405185615e- 04,
. 943343605466738130665529516802974834299638313366477765295203e- 03,
.118732666992497072800658855238650182318060482584970145512687e- 03
. 340596298336106629517567228251583609823044524685986640323942e- 03,
. 284656829651457125619449885420838217551022796301582874349652e- 04,

'
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. 135815619103406884039052814341926025873200325996466522543440e- 04,
. 986485523117479485798245416362489554927797880264017876139605e- 04,
. 535917123534724675069770335876717193700472427021513236587288e- 07,
. 741237880740038181092208138035393952304292615793985030731363e- 05,
. 520602537446695203919254911655523022437596956226376512305917e- 06,
. 332634478885821888782452033341036827311505907796498439829337e- 06,
. 768712983627615455876328730755375176412501359114058815453100e- 06,
.691632689885176146000152878539598405817397588156525116769908e- 08
.176098767028231698450982356561292561347579777695396953528141e- 07,
. 068835863045174800935478294933975372450179787894574492930570e- 08,
. 507934454948598267195173183147126731806317144868275819941403e- 09} ;

'
NWRNFRPWOWREFEN

const doubl e Daub19[38] = {

.108669763181710571099154195209715164245299677773435932135455e- 03,
. 428109845076439737439889152950199234745663442163665957870715e- 02
.127811326545955065296306784901624839844979971028620366497726e- 02,
. 643884317408967846748100380289426873862377807211920718417385e-01,
. 244363774646549153360575975484064626044633641048072116393160e-01
.017045491275378948867077135921802620536565639585963293313931e-01
. 608949526510388292872456675310528324172673101301907739925213e- 01
.280913942154826463746325776054637207093787237086425909534822e-01
. 858386317558262418545975695028984237217356095588335149922119e- 01
. 465226970810326636763433111878819005865866149731909656365399e- 02
. 123497433062784888090608567059824197077074200878839448416908e- 01,
. 351854190230287868169388418785731506977845075238966819814032e- 02,
. 427856950387365749779602731626112812998497706152428508627562e- 01
. 758435062562866875014743520162198655374474596963423080762818e- 02
. 690675555581223248847645428808443034785208002468192759640352e- 02,
. 650123625012304089901835843676387361075068017686747808171345e- 02,
. 567422627723090805645444214295796017938935732115630050880109e- 02
. 162376740958504713032984257172372354318097067858752542571020e- 02,
. 937554988917612764637094354457999814496885095875825546406963e- 02,
. 398838867853514163250401235248662521916813867453095836808366e- 02,
. 866922281012174726584493436054373773814608340808758177372765e- 03,
. 040747367105243153014511207400620109401689897665383078229398e- 03
. 689543592575483559749139148673955163477947086039406129546422e- 04,
. 687551800701582003957363855070398636534038920982478290170267e- 03,
. 418086534585957765651657290463808135214214848819517257794031e- 04,
. 358025205054352070260481905397281875183175792779904858189494e- 04,
. 606761356786280057318315130897522790383939362073563408613547e- 04,
. 246007917341587753449784408901653990317341413341980904757592e- 04,
. 711270467219922965416862388191128268412933893282083517729443e- 05,
. 105950487073886053049222809934231573687367992106282669389264e- 06,
.664017629715494454620677719899198630333675608812018108739144e- 05
.010964316296526339695334454725943632645798938162427168851382e- 06,
. 531931476691193063931832381086636031203123032723477463624141e- 06,
. 862755657769142701883554613486732854452740752771392411758418e- 07,
. 447088298797844542078219863291615420551673574071367834316167e- 08
. 636937775782604223430857728210948898871748291085962296649320e- 08,
.116402067035825816390504769142472586464975799284473682246076e- 08
. 666848838997619350323013540782124627289742190273059319122840e- 10} ;

OFRPRAPRPORFRPWRUORNNWNNNORRPNANOONRFRWONNNNNOONOOR R

const doubl e Daub20[40] = {

. 799536136668463215861994818889370970510722039232863880031127e- 04,
. 054939462495039832454480973015641498231961468733236691299796e- 02
. 342378045908151497587346582668785136406523315729666353643372e- 02,
.199421135513970450080335972537209392121306761010882209298252e- 01
. 726961853109016963710241465101446230757804141171727845834637e- 01,
. 104932389385938201631515660084201906858628924695448898824748e-01
. 615022987393310629195602665268631744967084723079677894136358e-01
. 392120880114838725806970545155530518264944915437808314813582e- 01,
. 267868004340349674031122837905370666716645587480021744425550e- 01
. 672708830907700757517174997304297054003744303620479394006890e- 02,
. 282910508199163229728429126648223086437547237250290835639880e- 01
. 985024645777120219790581076522174181104027576954427684456660e- 02,
. 554587507072679559315307870562464374359996091752285157077477e- 01,
.471682733861358401587992299169922262915151413349313513685587e- 02
.022917191744425578861013681016866083888381385233081516583444e-01
. 632246857307435506953246988215209861566800664402785938591145e- 03
. 172289962468045973318658334083283558209278762007041823250642e- 02,
. 874681811811826491300679742081997167209743446956901841959711e- 03,
. 229429953076958175885440860617219117564558605035979601073235e- 02,
. 789324923901561348753650366700695916503030939283830968151332e- 03,
. 381052613715192007819606423860356590496904285724730356602106e- 02,
. 721627302259456835336850521405425560520025237915708362002910e- 03,
. 420542387045790963058229526673514088808999478115581153468068e- 03
. 581494259609622777556169638358238375765194248623891034940330e- 03,
. 315621728225569192482585199373230956924484221135739973390038e- 04,
. 392559619323136323905254999347967283760544147397530531142397e- 03,
. 349759843997695051759716377213680036185796059087353172073952e- 05,
. 851047486992176060650288501475716463266233035937022303649838e- 04,
. 015328897367029050797488785306056522529979267572003990901472e- 04,
. 774280828377729558011184406727978221295796652200819839464354e- 05,

OFRPWUOROWRARODFRPOWOAOUIRPNFRWONRPWRWODRMNORLN



. 710586183394712864227221271216408416958225264980612822617745e- 05,
. 376143862183996810373095822528607606900620592585762190542483e- 06

. 241248287673620102843105877497181565468725757387007139555885e- 06,
.011994010018886150340475413756849103197395069431085005709201e- 06,
. 847079597000556894163334787575159759109091330092963990364192e- 07,
.633924226270001084129057791994367121555769686616747162262697e- 07,
. 014322023550512694324757845944026047904414136633776958392681e- 10,
. 814843248299695973210605258227024081458531110762083371310917e- 08

. 056127055551832766099146230616888024627380574113178257963252e- 09,
. 998836489619319566407767078372705385732460052685621923178375e- 10} ;

'
NARPNMNNORPNDW

const doubl e Daub21[42] = {
.488225098526837086776336675992521426750673054588245523834775e- 04,
. 776639052354783754338787398088799862510779059555623704879234e- 03,
.924777153817727491399853378340056968104483161598320693657954e- 02,
. 813596254403815156260378722764624190931951510708050516519181e- 01,
.196879449393627730946850609089266339973601543036294871772653e- 01,
. 015060949350038975629880664020955953066542593896126705346122e- 01
. 445904519276003403643290994523601016151342743089878478478962e- 01
. 572291961725529045922914178005307189036762547143966578066838e- 02
. 356640895305295094832978867114363069987575282256098351499731e- 01
.123970715684509813515004981340306901641824212464197973490295e- 01,
.115645276808723923846781645238468659430862736248896128529373e- 01
.152332984396871041993434411681730428103160016594558944687967e- 01,
. 399404249325472249247758764839776903226503657502071670245304e- 01
.177594298086382887387303634193790542522570670234556157566786e- 02,
. 660039032372422070232189700372539681627783322249829842275517e- 02,
. 572340574922879239251202944731235421034828710753381191345186e- 02,
.497750489373232063332311106008616685748929419452249544690967e- 02,
. 865385920211851534093244412008141266131208093007217139232170e- 02,
. 972683542785044175197464400756126818299918992482587866999707e- 02,
. 357756390338110842532604766376200760791669954106679933144723e- 03,
. 089205367797907948785235479746212371728219866525211135343707e- 02,
. 403470920805434762380632169785689545910525667396313550679652e- 03,
.988824381971911875349463398395464114417817949738911101372312e- 03,
. 891334348588901247375268718015882610844675931117463495551958e- 03,
. 958374038932831280750770228215510959830170264176955719827510e- 03,
. 716607040630624138494506282569230126333308533535502799235333e- 03,
. 394185005120302146432543767052865436099994387647359452249347e- 04,
.906711170821016507268939228893784790518270744313525548714065e- 04,
. 196406277680437193708834220804640347636984901270948088339102e- 05,
. 936646504165080615323696689856004910579777568504218782029027e- 04,
. 635520250086338309442855006186370752206331429871136596927137e- 05
. 499665984987447953974079490046597240276268044409625722689849e- 05
. 535482509276049283124233498646050472096482329299719141107128e- 05,
. 790330539814487046106169582691767916283793946025922387556917e- 06,
.090017164545699197158555936852697325985864588418167982685400e- 06,
. 166095442367030556603889009833954440058545355777781782000278e- 07,
.992136630464852794401294607536813682771292352506328096125857e- 07,
. 000400879030597332045460600516621971679363965166249211063755e- 07,
. 254014974673330131563184851456825991617915549643308754828159e- 09,
. 058033541231121859020947976903904685464512825731230495144226e- 09,
.471954197650365265189549600816698778213247061389470277337173e- 09
. 038805571023706553035373138760372703492942617518816122570050e- 10} ;

f
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const doubl e Daub22[44] = {

. 862632314910982158524358900615460368877852009576899680767316e- 04,
. 721854631334539120809783403484493333555361591386208129183833e- 03,
. 806993723641108494769873046391825574447727068953448390456335e- 02,
. 483675408901114285014404448710249837385836373168215616427030e-01
. 677286834460374788614690818452372827430535649696462720334897e-01
. 784327310095244271421181831735444106385099957908657145590104e- 01
.079010906221639018391523325390716836568713192498711562711282e-01
. 372450118363015165570139016530653113725172412104955350368114e- 02,
. 127265804282961918033226222621788537078452535993545440716988e- 01
. 005684061048870939324361244042200174132905844868237447130382e-01
. 640931881067664818606223226286885712554385317412228836705888e-01
. 799731879928913037252154295313083168387840791424988422757762e-01
. 711079840911470969274209179691733251456735137994201552926799e- 02
. 317681376866834107513648518146838345477875022352088357523838e-01
. 807631439273221556739202147004580559367442550641388181886023e- 02,
. 455737636682607503362813659356786494357635805197410905877078e- 02,
. 136425429744413245727949984018884707909441768477091944584584e- 02,
. 653081182750671347875833607846979997825771277976548080904423e- 02,
. 697084662069802057615318892988581825637896696876361343354380e- 02,
. 058670762756536044060249710676656807281671451609632981487139e- 02
. 348000134449318868560142854519364987363882333754753819791381e- 02
. 213782849364658499069336123807608293122900450508440420104462e- 03,
. 256472521834337406887017835495604463815382993214296088172221e- 02,
. 001373985076435951229129255588255746904937042979316054485183e- 04,
. 455691986156717076595353163071679107868762395367234726592273e- 03
. 044260739186025323350755659184734060807432172611689413745029e- 03,
. 827010495657279080112597436850157110235336772062961041154607e- 03,

'
PROWRONNWRAOIOOORORFEPNWOWNOOWR WO W



. 706909881231196232880372722955519781655769913634565757339739e- 04,
. 237873998391800799531947768003976978197438302533528661825758e- 04,
. 286094142136787341983758471405935405823323072829619248523697¢e- 04,
. 345899904532003379046992625575076092823809665933575578710696e- 05,
. 405223634815760421845190098352673647881298980040512091599943e- 05
. 137434966212593172736144274866639210339820203135670505287250e- 05
. 737375695756189356163565074505405906859746605867772002320509e- 05,
. 166729316467578372152251668422979152169587307212708981768966€e- 06,
.565179131995160159307426993578204733378112742579926503832095e- 06,
.295182057318877573889711232345068147800395721925682566394936e- 06
. 779879873361286276888117046153049053917243760475816789226764e- 08,
. 283336228751754417819693932114064887075096030264748079976736e- 07,
. 761228749337362366156711648187743399164239397803629022612862¢e- 08,
.680171404922988885554331183691280245962290247654438114807112e- 09
. 729623146632976083449327361739104754443221903317745768938846e- 09,
. 335938821667489905169783227036804533253011117886586305435615e- 10,
.602113484339554703794807810939301847299106970237814334104274e- 11} ;

'
WONFPWRFRORFRPORFRPOMWDN

const doubl e Daub23[46] = {

. 719041941282888414192673609703302357098336003920923958924757e- 04,
.202748893183833538390034372523511472345215563611003407984701e- 03,
. 931000365788411514736204018929480427874317460676079959515131e- 02,
.205155317839719336306053895611899089004274336891709067958035e- 01
. 184508138528652363416527748460472152790575031409830417259640e- 01,
.449311478735204282674240672421984387504149924834544495466793e-01
.510185172419193913452724227212507720514144116478727269717859e- 01,
. 813926253638400136259098302138614937264260737638175539416540e-01
.613921480306441118856795735210118413900307577511142987337375e-01
. 714020986078430556604069575184718123763697177381058877113471e- 01,
. 212540708241805260646030910734894258577648089100630012130261e- 02,
. 235736582420402317149513960822561717689875252792817094811874e- 01,
. 303744709428937875006612792463031409461636228731285046551636e- 02,
. 640113215318759250156057837165276039181451149292112929401186e- 01,
. 028307457564929974897286607551313323418860610791382310375731e-02,
. 122970436181072886950734465075645977754665593869789965874572e- 01
.112621235622724100704783293549467048999443844657058425212982e- 02,
. 020739157490110946204219011957565343899895499962369353294028e- 02,
. 176585683449997560776882472168730165799461445156766923497545e- 02
. 849533252256919901057154320407596073180564628069920893870768e- 02,
. 852351365015615979794689960740674782817814176166333519597796e- 02,
. 753710100303584537915846117408613551147985251726558719415169e- 02,
. 275194393152828646243157404474947115052750581861997731041018e- 02,
. 031840650024162816289878206037841640814102314209075233751820e- 03,
. 075319273706152814194039481466556204493276773483821748740018e- 03,
. 134865473356251691289337120013286756337393784110786907825400e- 03,
.122876449818144997419144765125750522437659393621577492535411e- 03,
.465014005163512031940473100375377210862560761576109755841161e- 04,
. 061231228886651321139357625683805642193648671030425010215075e- 03,
.194204927099011503676530359692366990929679170022583007683112e- 04,
. 567624520078737205563856675376636092314813400664190770435450e- 04,
. 500218503490340967673163290447832236259277810659068637402668e- 04,
. 378894834120903434270962452674534330903724108906662510305045e- 05,
.426071203109246077621875303440935335701832843654692827539837e- 05
. 635207889249186237209225933170897825432335273771458456888097e- 06
. 347875567854625544366043748844183086765894974439245409223337e- 06,
. 397569546840240057403739507525641239509517148980849889986407e- 06,
. 147574834779447778085443041422881439860288287528356019216814e- 07,
. 339005405209421154584783682848780965053642859373536945701365e- 07,
. 853091785633965019353699857864654181728710556702529908304185e- 08,
.417549179539278736503176166323685597634496102979977037271945e- 08,
. 399935495437998845130909687361847103274208993447892120341999e- 08,
. 472885901812050535221582074673490573092096712822067564903012e- 10,
. 050446453696543404071105111096438573423068913105255997908040e- 09,
.932405111313417542192651899622541612314066389643607507706887e- 10,
. 250203302351040941433216718217504240541423430995137507404787e- 11} ;

PRPPRPORPOORUUOONONRWORNWRNWORNORFRPRPWONSNNRPNRPONONNROOOWERENDN

const doubl e Daub24[ 48] = {

. 914358009475513695026138336474115599435172088053846745168462e- 04,
. 082081714905494436206199424544404720984720556128685270556458e- 03
. 248233994971641072358415157184825628226776692231940577581580e- 02,
. 726223583362519663806545734008355914527504417674578571164300e- 02,
. 729089160677263268706137134412557268751671263458895098625356e- 01,
. 043710408399249919771876890402814109246866444441814540282099¢e- 01
. 749392210955419968460807901923407033144945935105622912839838e- 01,
. 809855532337118833442626085115402941842959475929278883281409e- 01,
. 872714068851562376981887159775791469060265778441667840307934e-01,
. 179430789993627375453948489797707550898087789160025182664299%e- 01,
. 776613684344728187950198323031360866349104994035553200788631e- 03,
. 392373887803108551973268291945824822214858134512317715815616e- 01,
. 252872964148383258147364472170645232684343235486951540533893e- 02,
. 711753513703468896897638515080572393949165942335556397917666e- 01,
. 877717357792001620177594726199572688446488033750771020190283e- 02,
.210163034692242362312637311149062286659377039046006801523826e- 01

PWRANDWORNOONON®WERE



.098011370914481534980883827326017063121637262728447783605518e- 02,
.216165420800166702291466006164189460916816748629968198028898e- 02,
. 578436241819221637997516339765068825260159169893967894877272e- 03,
.130162003998087915555334881398688958843078494595140394873884e- 02,
. 944709428125628299815920032649550811877887219282751174798211e- 03,
. 821310709490189098113895361900699228886900995412759197674058e- 02,
.661721881646585897329899904308764405384658404613669817843430e- 03,
. 304997087108573583052494067883717533043101857128653233783396e- 02,
.291435370018187780721843581169343900864298634085743861509767e- 03,
. 746568786323113800477796959513558401732252800905982385017245e- 03,
. 736046178282523345179052160810332868725126356493155728625572e- 03,
. 153764936839481504858282495202271984454410046682805375157566€e- 03,
. 696456818974824394274534636412116243080312601322325642741589e- 03,
.416184856141520063365958900079406737636243682138363561877750e- 05,
. 861270593183109933716735450272894035425792347806515678695765e- 04,
. 181233237969554740613021227756568966806892308457221016257961e- 04,
.460079817762616838924301818082729036314539476811023255670666€e- 04,
. 559388639305634085303738560455061974369354538271316071502698e- 05,
. 183241460466558363365044032984257709791187640963509380549307e- 05,
.022888292612697682860859987200455702614855595412267510558659¢e- 05
. 341157750809114719319937553186023660581084151828593222893663e- 08
.901100338597702610409014129024223853127911530009766793352492e- 06,
. 980253143938407724149926669980791166378388013293887718404796e- 07,
. 032507756879971624098983247358983425236092110387724315244646e- 07,
. 166339653278574639176393978510246335478946697396400359281412e- 07,
. 057645419792500308492508924343248979317507866520688417567606e- 10,
. 255740388176086107368821674947175804005323153443170526520277e- 08,
. 157776789671999638950774266313208715015419699643333784626363e- 09,
. 748375824256231118094453549799175824526559994333227456737433e- 10,
. 024658644584379774251499574468195118601698713554294941756559e- 10,
.991801157638230974132696433509625934021677793453732225542951e- 11,
. 342782503803710247259037552886749457951053124203814185811297e- 12} ;

f
PODPONUUONPAOWRNNORPRPORMRPRRPWRAORLNNDOORMON

const doubl e Daub25[50] = {

. 348029793470188994578489247159356055370460656508881471268611e- 04,
. 256959591854779520121391049628056149270016860666661928130747e- 03,
. 718674125404015533817186914954848902241194002444696221013131e- 02
. 803586287213267559750659320481403668422052199257139168386084e- 02
. 316935078860218199900621518057089104946216881512075361624214e-01
. 596834151460945937896973864539659944010260858049947396093277e- 01,
. 816368967460577833534892038757085635755639698734580573323031e-01
. 678850748029466984371319740855532278670733841012809062966976e- 01,
. 717464096463814276130048169040892607068486428294030952842447e- 02
. 364730796417461309562110148848845218930261030262170601615289%¢e- 01
. 758761458765466140226687673880006154266689569025041229545538e- 02
. 245378197451017129525176510409543155930843160711989062118482e- 01
. 181552867199598604563067876819931882639429216001523151773895e- 01,
. 505602137505796309518094206831433270850173484773520730186277e-01
. 850861528996022153725952822686729410420350758543226219234795e- 02,
. 066338050184779528831274540522414711301747903916268438037723e-01
.675216449401860666895983072443984697329752470942906490126865e- 02,
. 708411105657419356208567671699032054872853174701595359329826e- 02,
. 717396286112250887598137324046870459877639250821705817221557e- 02,
. 361790939877949960629041419546536897037332284703545849594129e- 02,
. 554260592910229163981295854603203625062268043511894295387375e- 02,
.404232046065334099320628584033729153497903561399447916116575e- 02
. 079836794847036661636693963570288706232460663070983852354326e- 03,
. 892280447662762841086581178691039363674755753459524525886478e- 02,
. 989425782202736494289461896386235348901617760816745484282494e- 03,
. 860702618046368399013064252456556969199612331833605310278698e- 03,
. 726936258738495739871469244610042793734119359765762028996059e- 03,
. 322707773973191780118197357194829286271392998979276105842863e- 03,
. 842484290203331280837780430014195744813667655929909114672154e- 03,
. 999774237462950491085382524008429604309720852269895692000702e- 04,
. 772581936748274843488806190175921376284150686011179612908221e- 04,
. 153212440466300456460181455345639872216326644527860903202733e- 04,
. 098800990984697989530544245356271119416614147098459162436317e- 04,
. 543714523276059005284289830559259809540337561365927850248007e- 05,
. 904640003965528255137496303166001735463107762646364003487560e- 05,
. 733048119960041746353244004225286857636045649642652816856524e- 05,
. 277195293199783804144903848434605690990373526086311486716394e- 05,
. 990661393062588905369930197413951232059323587543226269327396e- 06,
. 232827708153076417963912065899772684403904504491727061662335e- 07,
. 779201332653634562565948556039009149458987774189389221295909e- 06,
.212037518862519094895005816661093988294166712919881121802831e- 07,
. 922806790142371601278104244711267420759978799176017569693322e- 07
. 656941732278507163388031517930974947984281611717187862530250e- 08,
.611598556111770864259843089151782206922842627174274274741722e- 09,
. 279224480081372372250073354726511359667401736947170444723772e- 09,
. 880415755062155537197782595740975189878162661203102565611681e- 09,
. 228474910228168899314793352064795957306403503495743572518755e- 10,
. 535901570162657197021927739530721955859277615795931442682785e- 10,
.527625163465644811048864286169758128142169484216932624854015e- 11,

'
NFPFNFRPONORWROORNNWWROORWNORFRPWOWWRUOIWNORPRORPREPNOWOWAORARNNRFENPRE



1. 509692082823910867903367712096001664979004526477422347957324e- 12} ;

const doubl e Daub26[52] = {
.493795750710592117802731381148054398461637804818126397577999¢- 05
. 650520233532988247022384885622071050555268137055829216839523e- 03,
. 309755429255850082057770240106799154079932963479202407364818e- 02,
.227474402514960484193581705107415937690538641013309745983962e- 02,
. 950394387167700994245891508369324694703820522489789125908612e- 01,
. 132929622783563686116108686666547082846741228042232731476147e- 01
. 736690430342222603195557147853022060758392664086633396520345e- 01,
.391583117891662321931477565794105633815363384084590559889493e- 01
. 774076780986685727823533562031556893226571319881417676492595e- 03,
. 263845936917800216385340830055349953447745005769416287177497e- 01,
. 748399612893925042664835683606584215248582345438816346170042e- 01
.812918323111226960705459766025430918716233584167982942044424e- 01,
. 827554095896723746537533832033286839689931924709760567945595e- 01
. 043239002859270439148009137202747658420968144330108510179290e- 01,
. 479771932752544935782314546369458188243947772922980064071205e- 01
.982318611329236513756591683950208955110603212379412334701145e- 02,
. 064824052498086303236593797715344405836015002929319291715777e- 01
. 344856168148319149493577269390074213960237013099439431132086e- 02
. 865475960403591525454725258715351280947435823354011140858001e- 02
. 223218579637203541206570902753288247790857760067894456114927e- 02,
. 853571597111186425832144567362328142994885395255438867968781e- 02
.137811036306775484244644776337594435094096964336402798072360e- 02,
. 776090356835818354094298625884058170354129044259951019182732e- 02,
. 073492017996382475887790073068984224515077665517103399898854e- 02,
. 829580555318887971939315747596613038479561943085291072787359e- 03,
.178549790619302893728624468402138072504226527540325463847390e- 02,
. 287383992626814439198630765217969804966319971038003993984480e- 04,
.601947239423804853206514239940474788977188460452053462770324e- 03,
. 390582504738289646165698675070641765810790863514339205205998e- 04,
. 145530281567620980305401403432221668847980295600748913748902e- 03
. 383488056543616046381924054554052104937784379435436426690560e- 04,
.161382204574344193703789012696411561214682388271673214197731e- 04,
. 319557074261807466712901913481943478521991611607433971794602e- 04,
. 060574748283803889966150803551837402553866816191659959347053e- 04,
. 574795238607493590547765666590811258087715699737771458390360e- 04,
. 277795493037868976293566636015627609248847457646525246271036e- 06,
.109673996391477816326502438997466532822639385119090230965252e- 05
. 074221540872195031273584409245060623104931330938273936484593e- 05,
.000078682964986734859102495210684809643657474253921074934684e- 06,
. 887400161856795187587790410706550576033603097954065074023128e- 06,
. 650463220640262639231145944536092973446596027469833860001618e- 07
. 939210633709952088373459255067360793370284788682979065122810e- 07,
. 079004237578671411922961583845716126060658213943840375162654e- 07,
. 904466370168590769052983362721567202750591914741016835071257e- 08,
.407795621290730008673832107214820587991557116806912418558069¢e- 08
.169328259850323106986222296525930099935873861026310788086221e- 09,
. 776010478532324328184043667556576385639846460337894963138621e- 09,
. 780047245828636668305808192607091517605349478677442468580825e- 10,
. 002303191046526913509281844136258004034177309673269533418644e- 10,
. 840408185341171468465492447799819262905317576847426970757700e- 11,
.130510016371796243923232926650252570239054815939483900056681e- 12,
.251871224244435037810503452564279828539007071678724285717464e- 13} ;

'
QOO RFROWNWORNRARWONRPPAORPFPRAODONOUOORUONPFPOWRAODUORORRPRPRPRPORMIORMRPORREFRO

const doubl e Daub27[54] = {

. 687131385431931734918880680779563307675740731544063787599480e- 05,
. 205531231673213234251999812212394463872002561229330125152073e- 03,
. 952588780876619771874091297340545740163119816300838847749336e- 03,
. 945259998290488004302995584228917712171023349013386944893643e- 02,
. 629220275023933206396286389387812803673796872000118325233533e-01
.671102141253898226423388094379126394383458407087000700420400e- 01,
. 538498609904800487605460395549044755068663194750017660900436e- 01
. 934061226779989979265447084358038959373468583404767251300717e- 01,
. 028408550618229112710739475157388764479351682549490307668477e-01
. 897168033145948463175311101489473923261698802610323264603418e-01
. 482645819032605667810198368127693701263349361209208170092197e-01
. 148230195177853576326445213787661879970642975306605349249036e- 01
. 272732884141708265275037216925482827043581894357907763081103e- 01,
. 878641863180231062443346843661817078060143110529946543683356e- 02,
. 780317409590085821070366277249759321269342801053489323888575e- 01,
. 579939746024048431173907799261019471878724997312653292884660e- 02,
. 311979717171553289711406975836688896451835867594492827800969e- 01,
. 406275155580876537026622167053147161846397735962817855782362e- 02
. 102290652956591798241345515773322449830692586525337562864481e- 02,
. 731101826549371089085675445961947677452358872325373949295769e- 02,
. 796940573471798814748840657698008349462526768238833307489106e- 02,
. 851249356199807710545837861298826718763077900221574749342712e-02,
. 273906663102087145481936428049519742538150452785563039743756e- 02
. 614696692239566682272152627542980896527822528487665111124260e- 02
. 566559564892457873003263983940819950829497022298967052103291e- 02,
. 157718645897628140054089958116866381056430680879332334217267e- 02
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. 862096345462925972966025215266179082657169806555503857975278e- 03,
. 856635609684880675273184141746359000591385833807880272568038e- 03,
. 342626877303679609082208800217479591902967766971379107017011e- 03,
. 332854469520006162763300141047111065412307706449049389557931e- 03,
. 457529625931728587128588244152604734177322144376309490881599¢e- 04,
.301177450244135139135787970279897042994109161268159963884641e- 03,
.418351226915427611946547437228006377896519777431057005796358e- 04,
. 879018574101327604369144470124819695479087900682219330965466€e- 04,
.019719879690326857104208791272390315160018069955787875123234e- 04,
. 660058387068576876674274961751262847965101108848090019821555e- 05,
. 711145517797584208411720507329584053382646435270054267102827e- 05,
.517483614907445391752737841583832374184046409747387149129674e- 06
. 063442647736885318487206413360228908558806028468062177953960e- 05,
.901164070638425528170558032557368703418425915665413541985623e- 06,
. 657500908187104997045760131046655906827644494899206692043298e- 06,
. 634369624725637835424610743915128591988676092276368687669255€- 06,
.050880686251999094242671997731089918322345713516567387655763e- 07,
.472468147394389269364673179891460601330730511237974736379548e- 07
. 286558968055159530983261866450459360074591641809187825408848e- 08,
. 026255052866908637178682747490340533992340623231336911661711e- 08,
. 321332273990056558848617809101876846857728483295631388083263e- 08,
. 309465606856955151282041809232358209226373823424148862843577e- 09,
.521614984778521740775073159445241799352681846880808663329946e- 09,
.415526928011130660506395791946234018673860470542996426005750e- 10,
. 374986224293654395069947682013996351823060759948583134078918e- 11,
.213662088067662485181472969374945928903854605356443772873438e- 11,
. 295790122476585807069953975043096139541415768606924980926275e- 12,
. 828188352882424933624530026056448539377272017834175009418822e- 13} ;

'
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const doubl e Daub28[56] = {

. 710807775014051101066545468288837625869263629358873937759173e- 05,
. 794985159843870273564636742144073059158975665525081816488582e- 04,
. 542650377646859177160195786201116927568410621050693986450538e- 03,
.909260811540534426092083794403768111329778710541126982205076e- 02,
. 351379142536410450770749411679708279921694061092200363031937e- 01,
. 225633612855224257318486139030596702170126503618082416187649e- 01
. 249982316303355562348293243640252929543774162151269406404636e- 01
. 305162934414858075256978195354516449402692654391295761050628e- 01,
.001761440459844380384404537971725815970574972480152145882083e- 01,
. 304989540475825257279397658067038304888129374484095837624889e- 01,
. 013278095326417816909366061441334075444383937588485826752087e-01,
. 285787916338710468450547883547348694255260871071954509422161e- 02,
. 458081513737595535752949960866466132239832334168533456626848e- 01
. 690688531571127205290633425993077868843846977265847006108551e- 02,
. 828773307329849166920408764650763092868965221608724574218473e- 01,
. 683823374455167616514752420549419665215987106243491879971921e- 02,
. 346275679102260877490923315484152662987698625205479167761416e- 01,
. 447863127509970524678534595639646616244376966117385829345554e- 02
. 768535580565244174963692133038973587005628990493154911133358e- 02,
. 734192283130589908795581592406238282930530566316914040035812e- 02,
. 774789550190933956165341752699717255041141690153626336867769¢e- 02,
. 448018955540951137600471926079622335842207388713342609755316e- 03,
. 333336861608628393863254980828284403766309203453808666888800e- 02,
.431732910062988320487418656322338284504389482966303454010563e- 03
. 468806001015186586264188361362046240243934625858343309818244e-02,
. 815549764552309639259447104811254179605050667281644254737890e- 03,
.206359196821849005842466619530619474644989878503490321948471e-02,
. 838816627748944864497370576838809711476027837762897602935327e- 03
. 784863112454241718009916669120329848973107781600157214960003e- 03,
. 725461247074254799171427871442937099025589672466088044410521e- 03,
. 360373845639692436577650137133777929659265166644839235882291e- 03,
. 875998668202795626152766912508562385106168761893900192731562e- 03,
.415672393140464257573780581396205840941849282748250523509874e- 04,
. 486749559114629991320679819683227355746847370960399216568306e- 04,
. 154656063658921251969297916771881248142872975490882572741198e- 04,
. 295790982233456202366621544054366855729175050420515776344878e- 04,
.903901490044488099517361247378396756893227855233897357882978e- 05
.907713416190250858324783990436748073854807494400738311968278e- 05,
.641401211050802781223450761733180188911730291497201507086247e- 05,
. 638664981394294654002871426476885751050837817671843706915388e- 06
. 004326041333422601781848560432120920634648692782357855473103e- 05,
. 247900317574834146052381692752796047052443265982232422642017e- 06,
. 840363734517769191684379309039277810350620305330900536404818e- 06,
. 670215479954892588747450458085225880096882699397256774967304e- 07,
. 757461173209842779903676264971918635870906983281392939812547e- 07,
. 490660013535362170989340065033061951960933954388633507264360e- 07
. 262387315626556965966429243600984899650039704831080988658278e- 09,
. 784138690875710077191713941441263246560738410213624546116655e- 08,
. 044047056383436444631252840057862002264087720676808580373667e- 09,
. 944540328946226952976704718677697525410051405055662575530111e- 10,
.077041247229010224760245305596307803830053533836849384680534e- 10,
.492220011056382105461206077240377024404404638947591299761197e- 11,
. 867367263783390418963879146175452376940453585791428841004699%e- 11,

'
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- 8.365490471258800799349289794397908900767054085216008197372193e- 12,
1.188850533405901520842321749021089497203940688882364518455403e- 12,
-6.367772354714857335632692092267254266368934590973693820942617e- 14} ;

const doubl e Daub29[58] = {

. 318966279841524761813546359818075441349169975922439988843475e- 05,
. 409516803044434540833706729120596322083061716935004987374676e- 04,
. 702126517773375434760843998623507494914551464968126455168657e- 03
. 077358022140837676716707336516751814713312018344719150923618e- 02
.113701169517405304762186166370327770191325772342190715118617e- 01,
. 806534559709829376968881262770480606500920092398534229615289%¢e- 01
. 897588047621993143592705932993573539235839610055331620240518e- 01
.513744327583751951223746071670135992466984391233429663886536e- 01,
. 891052383358291634605691113586264061513180158354460952469246e- 01
. 540287344599000542466293779503370141731339982919280951230240e- 01,
. 300409489175880520295083779487012611959310539629627124613719e- 01
.570680007294085781514541931715795784309410235726214400350351e- 02
. 361052361530259415983110734054626770649468357328362426830433e-01
.124191748731883764769740670535880543076817816861518667898467e-01,
. 608779885941877360771615465531852333085159940159968393590303e- 01,
.078459499387214201077881957354707913786241153934264316589273e-01
. 144722958938182579734135930060053286267822797640393386903440e- 01,
. 322074716244975790297348835032537357891920536002627784941129e- 02,
. 512549261563550232832311331420804581881235448862834507281486e- 02,
. 502748952532572320924541450626650067707344725344841099873446e- 02,
. 347916458421186633577789314698972361081611994794140119302163e-02
. 053154327270413646637328212093941030592133225231728964047047e-02,
.518798127778834515979704475304405691390090327474972089790857e- 02,
. 291714255426679462966473962555410660387671182428076570686472e- 02,
.947043187174764111028122319949903667638786379520519899154373e- 02,
. 648327307678167915542397563479749119673768286990136051577167e- 03,
. 704122457360668969234196743407615179099529206118693044741086e- 02,
. 737880332720511164430027824345354801611373419264590068097416e- 03,
. 469725493560752287772961661104710791306496373354237126998903e- 03,
. 550807127789472659145072247724735637183590942511858255354005e- 03,
. 473798989681100630649790255076233970957721666820195620598374e- 03,
. 877120925723650133179338154344873477230567340668548016358682e- 03,
. 087053942226062966738944397844498417945523630053411148182206e- 03,
. 000778327085680541055696707760062870925897014530348262794137e- 03,
.000711363076779808296301110796026470163110202848894744316755e- 04,
.111283454742767033424740543004041500054889660665367490129376e- 04,
.292018041214499897382298271438084577065170236103859181134525e- 05,
. 293044840080720609161466939678226852440475312744714379499074e- 04,
. 645026068562774967665464216602750761690984830805534178557146e- 05,
. 913344750169041218495787251929571015775436967652945386217480e- 05,
. 657328395306616289863396387854880512976861409870690029695161e- 05
. 593644804025187638066915189731950450034629392522542962477168e- 06,
. 750609246452552850197117564759363194953518317428400241629683e- 06,
. 029054592052818286474228294307141792053791695855058563299597e- 07,
. 975701750636280734511651941681818767895052287332471537510510e- 07,
. 633898386997696553900967704111473475368019612368922599394214e- 07,
. 387197411095863026484410601284876812292554863800653292318725e- 08,
. 286156922010786166768503252870590953166867739448102804392389%¢- 08,
. 076591906619196137385201975028785139607670319821266803566785e- 09,
. 768978854770062238895964639391324551611701293594055935346266e- 09,
. 893995386171984147774611076618946011337498790609031626697228e- 09,
. 426800863263089001811012278889864200550342566386405676893537e- 10,
.407099453509342962399811991929330725186626582891090462239366e€- 10,
. 940589250764532582888473974638273664244682541297835986306504e- 11,
. 832509733627817032356556582819494794884131433810848844709881e- 12,
. 152762413370310423797539876893861621418382024668704492620948e- 12,
. 28565487006834410189818507337630768687538625954118096734739%e- 13,
.219191311588302960934661700068023727737812918006011019184982e- 14} ;

i
NAWNNNWRNPRPOONOWRWRNWRNANRPRPRPWONORENNRFRPRAOWOUIOORRFRPRPENOWRNORNPRPWOOW

const doubl e Daub30[ 60] = {

. 338616172731421471474407279894891960011661146356580425400538e- 05
. 666379504285509336662000111055365140848987563882199035322085e- 04,
. 300797165048069510045016757402827408493482974782286966500398e- 03,
.413083267158837895194919987958311943976725005113561262334092e- 02,
. 123830406701570679321575555085899708564500191080751595642650e- 02,
. 420206709402140994467599658342919512318194032687898436229538e-01
.504878218533178366981351802898336415314944375740699506554771e- 01
. 575722329128364304078082520999850413492571645754785374629734e-01
. 662426833716279793144871151369089533016299234992584741629624e-01,
.618367077593731501909741041813726474911212544474895441395148e- 02,
. 329669750208556069196849320598850505877494561268613506392514e-01
.419685133300829310219026267403758254954270602825020111483505e- 01
.994621215806643032428990062111230223523226088131364328774921e-01
. 778298732448367361280250921330425046260289700971176750362566e- 01
. 145582194327077814891518778613672243404957549114393749173137e- 01,
. 572368179599938126878197378886501553251711910617673398124611e-01
. 277865897036442699893544326605244235248713804556715604416632e- 02,
. 227477460450093778691578797698150091624353365248212907325446e-01
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. 380646545825707676022015051837304300338645984615639237930800e- 02,
. 765869003638366048026572053699028353846982304851342479893827e- 02,
. 380166467141773250305407710250135373016604593736480428415303e- 02,
.671236574473569492590636983030617493807140224924978946302257e- 02
. 567339749675960965780819743176056734137251336781389369397564e- 02,
. 226375891935220815954913483392725682165778426411705216010280e- 02,
. 707861959529418272206848318420006522973840949600186710327776e- 02,
. 528796076985739546052896626042375110302102640936712142026221e- 02
. 839974386811734118728169880549148389603890445324127330811811e- 02,
. 296859666131086629169938675330494864053932988161015674773617e- 03,
.091563165830488927536881480211929049886878831313700460017968e- 02
. 196717564977244383592534999284255315694546230739551683085460e- 04,
.530730148192003288871383856487027893918513053091795443517653e- 03,
. 433845866620933982126003584365932145598126087481400294999080e- 04,
. 324520094060099304385756339638431339131122661576649123053845e- 03,
.609276968110423879660725173525347077801305237644122054954659¢e- 04,
.678782504380918697963922441514742758516706160788123977340073e- 04,
. 050948239033467796256544554086554367969638627715114003635557¢e- 04,
. 724825842351709725545759714374272164367933578194910678479473e- 04,
.161718301169633804271038862087964094429005266172702380483361e- 04,
. 548305467584070994787824796256108217987765582429940610377190e- 06,
. 982008370808327851082027193100914402221658444151889697045071e- 05,
. 339716863293971629296314599448901465078920406443516550195793e- 05,
.636152478725426488654528710478856195004608401773950511915162e- 05,
. 252145535890469015723401169934327900622894130695550273452916e- 06
. 327549098493686509557358103785598216688723737824121617676858e- 06,
.187267676996166416699555236143059249832615777542412142603694e- 06
.099474338526203304286307383463498542376432972308342428764576e- 08,
.261662326011572446469849114416378817419458434583398455985144e- 07
.000414682354500898864979332965559934104686157639553850670490e- 07,
. 764379965139453357729154748688006975561934425368712852985388e- 08,
. 605442754977625431940885841950955928085338672381046225838880e- 08,
. 553397861397053982967618072672572206490972606026556946910028e- 10,
. 331105680467578245901976412732595596538702049437802824373020e- 09,
. 984862691832182584221096665570313611280449991512869846064780e- 10,
.613622978270904360610418704685783656905979134344922647926295e- 10,
.461387997276802120884525814092001871993910062127702293573920e- 11,
.000105131393171192746337860330428369495110180346654025287492e- 11,
. 239428638532286114355931428908079297696045600279108835760520e- 12
. 185237592101582328254231496310584611948560976394420324137742e- 12
. 543997570847620046003616417646988780670333040868954794039905e- 13,
. 737942630954405708679963277418806436871098329050829841696327e- 15} ;

'
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const doubl e Daub31[62] = {

. 648013386456140748122177817418358316441195236228590958603489e- 05,
. 394122037769956699157160165352942212213928231154233571163033e- 04,
. 236884068627721221829662672296912258338131668810067169630813e- 03,
. 885369161298591269159568944275763468999829139547989648553486e- 02,
.433609301164788697908776495388047669378919816041031344650271e-02,
.070128744852353286198055444111916450619762837756134323019573e-01,
.091922000374278563928213235836188963704298775635493549519369e- 01
.511398409142754983590484577074663132074992263886810324421617e-01
. 294688082061372955430413148799008354573408538414331312236645e-01
. 716921249736946422305354732634261873401679092095992827198308e- 02,
.109551183195075186926560285811004715398678229333522634202008e- 01
. 179784855235633521693544507220105631639547435903112747133934e- 01,
.401782887652732681656253206993073895422881511380152633441096e- 01
. 249667114737370933697297905066886078307490136415302624018330e- 01,
. 992634916046823977000579399730138693074543903234092797936484e- 02,
. 869623608957154494374577196258383009208655076187653847079167e-01
. 543698842948893409652995335281236231845293548571166883219023e- 02,
. 450895009319931981518942907854879059128872873116921504156674e-01
. 139832273469236863527708715566588550006680549152344840146851e- 03,
.076127733234956326668605511648013952380301953590447106075614e-01
. 094129745236496925725237900637802669504835743555466811796369e- 02,
. 535361174328140695528289751109133941376701984419452638686226e- 02,
. 488002661810482202699555987503429289100801979910046913257306e- 02
. 861907546485433003537603385831190109391263542044516048871113e-02,
.615417156598591113619453864586701665635869166193865651960591e- 02,
. 804761936675616906861927211659154977049392281479113764697785e-02,
.427627527776351943309800140756746087215016194775579070599004e- 02
. 390055293926652880755898888934447671732373519028670201124816e- 02,
.051763948737184089128633441244991643331033825102031908858652e- 02,
.516163573310992566561289762241160214476622662764637181816550e- 03,
. 520852375874612553325469682628530079210293774541131381751695e- 03,
. 428264223218909891400516038687842292177211292295049238921068e- 03
. 393066776715931928419358796960612411097347419792355896915546e- 03,
.397901106014600492881202314307290077992972755016494062875201e- 05
.459041741985160943114515221598080223845239255190055621901681e- 03
. 431398296904734438118401084929505912208229684629857530009147e- 04,
. 998816175637222614896912406679513231966722440032799024979502e- 04,
. 396583469402949615285646688069476140260781708006174912535660e- 04,
.243411617250228669409179807383399199879641177993453588807726e- 04,

'
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. 089584350416766882738651833752634206358441308880869184416670e- 04,
.501335727444532997071651937630983442758297688087711521441229e- 05
.631255157860086164261313773172162991107348698083164489165837e- 05,
. 034520235184278839752741499546098778993926344831736074409765e- 06,
. 795301342692987765440618030678349427367022581211855857458220e- 06,
. 035142365891509630069007852947057220760887215249503512783023e- 06
. 369060230942940782050489751987123955074404782177163471279285e- 06,
. 810015422044371573950976088058064384946146188110905321673802e- 07
. 327250656974915426977440959783080593776012130063170688309127e- 08,
. 975925129170206248152121156696590501303803187231928513867046e- 07,
.616826517331004805247567218405798591329788122337274956172315e- 08,
. 328309713821409644308538888589329921141948539678106680777082e- 08
.061529602150252306500404266150823962402673780484965538270541e- 08,
.474311687959861398702581539341954438747926255671605657095807e- 10,
.408568151025177427076547804944585301332087108125727813194374e- 09
. 524043954153353306183643702933218308617979467184848456565837e- 10,
. 348930032486263904766913919653624379586487437915175106407348e- 11,
.692108808871129411604189196259677640440919369478263728899602e- 11,
. 327008967125979929910636246337150851642079794871116041187279%e- 12,
. 324334917243963163878274345609465717294426628053460151843705e- 12,
. 445467096291932163298411852093011459626037560439178917611592e- 13
. 559442050579014337641375730083534521513818164827556763756543e- 14,
. 699382879762665647295493928801387173921314576598505507855504e- 15} ;

NORFRPWWNNRFRPORPNWROOTORPRWORAWRRF

const doubl e Daub32[64] = {

.161463302135014885567464100760659332951431420121048996305591e- 05
. 466566906380903352739104211274667134470169443886449124673996e- 04,
.431261919572266100780423071905958127811969678055971488060574e- 03
.468104638141913563547809006402194831107662001343421893488086e- 02
. 025749912033537081745451975527967031851677384078997261920024e- 02,
. 757507836394388988189299915753348505208376399651864661397588e- 01,
. 675096285973496361995340339143234125206079560406868595968025e- 01
. 343179193409538322901117858552186425529774700290587495921679e- 01,
. 778091637339484033555130814414794130354053753675509287934741e- 01,
. 206305382656178269538098710665261299391507308342013788891222e-01
. 666981814766755535489784087869865024226542605534080371507405e- 01
. 774215815584272153338153320303401666681294506143291967655666e- 01
.471335480551623831000090095167664918448659157720155321560811e- 02
. 483106423568801736064852157222867588791898170114101300999760e- 01
.466244483969740441701479334808723214802614938081258920635302e- 02,
.921023447085468984341365278247990525863123891147783426068990e- 01
. 899511718467173853355943225576377418394280156945986899417475e- 02,
. 452320794752866460838830744051944832326998342053148426312341e-01
. 440490819993974022640619534046603571086531544468421519143629e- 02
. 094561131160893831027722774343269232755171130623890041619420e- 01,
. 962787250844770491204452379051215505049068645551070779367843e- 02,
. 087414063848395744090831590426327690818854671836423275412813e-02,
.410615151610660772869738802931740150275269382463799031013905e- 02,
. 692631406247843550478416271158537960555270097953330567652364e- 02
. 380264464932573834443178362086503847328134994591954135879789e- 03,
. 705145792354468010437633458013030898015496905609424004450953e- 02
. 145907660827218781460700428862611061267328108653649653634276e- 03,
. 166282283639119347634778516947485598599029367518033869601702e- 02,
. 167527310685675112579059689520105004744367282412921739811164e- 03,
.101740071540688116532806119564345712473051769079712407908648e- 02,
.411568257275791208581502410752383050600045942275647685361370e- 03,
.649216751184411528658094984504900172989190128905887602541396e- 03,
. 627224640687864960122122984391704782343548385375321260251988e- 03,
. 468955100468467772528811782840480639166582822577191079260543e- 03,
. 964740555821778254183647540656746450092725858126595984907304e- 03,
.211678729579097916278097586914956834196749138610403102772710e- 04,
. 673058518450555343925662389563539890596549655683386287799624e- 04,
. 024537310607396186949656796812972062290796122915930356634122e- 04,
. 059654423826911750479261161552574500739091332121504634422577e- 04,
. 053915461739828114700905192091104141076083602686374410146603e- 04,
. 103678329134838389828091896334156224227821362491626044950428e- 05,
. 259809282684322782648914338377962890245975842272425408122506e- 05,
. 294045779405512723950480259110995722517019870286295908085366€- 05,
. 824268401980691220603850117995712615809177092802967489081228e- 05,
. 361781532260254953363913076575914206506177493714496098327288e- 07
. 558309576264423135123964145585288808181431652781253437738445e- 06,
. 202889036321620990296134494079846952404216422923750605507047e- 06,
. 560047625595947819392627283726711361273296630256477108501994e- 07,
. 285970693151457255418342315045357407199066350632593899896712e- 07,
. 003361868748230293692887222336390314786090450819216035110269e- 08,
. 965966311957728376981484572655177545054433542721057470726361e- 08,
. 219924359483373093110396748985081720383992859961285213840740e- 08,
.104383021722648979552131128575075255513372249283096583736746e- 08,
. 250422311980592983740943309197245384991941251563471671065543e- 09,
. 384387799940474369553236949848427579687147486892033587998023e- 10,
. 881091462634605628881794361152305108432139465417759716875076e- 10,
.904723796221605490455387579189371137903330749397374037644960e- 11,
. 263270741332907875981844980104948375955551273115386408552080e- 11,
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.430918765169202320188022211739750594608742928641485026836608e- 11,
.075610653501062115165734990153347111902874668945095034791947e- 12,
. 361482229611801638107331379599434078296259332654994508124989e- 13,
.663800489433402369889818192962259823988673359967722467427927e- 13,
. 000715303810524954375796020597627467104635766752154321244151e- 14,
.421019139535078421314655362291088223782497046057523323473331e- 16} ;

'
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const doubl e Daub33[66] = {

. 186358314175091939858945975190102731733968885547217619434602e- 06,
. 791016153702791479424389068736094134247294413108336017758506e- 04,
. 822709435164084208084617771787691709255513374281497713580568e- 03,
. 139594337458160925830840619716397130445853638888472948832932e- 02,
. 861466653171619508385707681587366397164931431125053574327899e- 02
.481863131800528081784673514426737436792606299953305691300616e-01
.267181301177075783930752787756046348844272437670999719562429e- 01
. 093761725149396552227892926384090200953139820961482931291482e-01
. 112547705832674655425831875568453973369927971748064975152374e-01
. 095823507130554216526494469993023406452629154801126958766008e- 01
. 042026223985421049629055102642279430174095014493415546881477e- 01
. 159974107665602561905181464284910961862968513875028980451424e-01
. 927833943695275915600583425408664108893845271616240406358226e- 02,
.454206121192791114179964351253140999836791489738418857473689%¢e- 01
. 985155868033815698139640215477639365289384281516885362929979e- 02,
. 714280990518593279308738113273443832545615219650436927029674e- 01
.108441331167107910806084983056783194189909198734302929909672e-01,
.219678564037346149389134584371009777591763921148126952722200e- 01
. 478808805061595889263191779090571160237408179346345390888721e- 02
.114696835133148913093153757138373418923462847746880902676089e- 02
. 030248505405615921453280814171665167171986608963193275084895e- 02
.019114394099653254998935842432841393915841096633514680190145e- 02
. 573456189389667743139040427641638967843459421665709740086516e- 02,
. 347125133582228919431110824663168583260050383336359554980188e- 02,
. 524858297747649929258392207837724793937727346177294684700378e- 02,
. 868706076024496481748675031852528047303323816250150793091832e- 02,
. 070326582001954942654534968137727769698168853186071888736311e-02,
. 572876175473297336123211392278301875687760837710204579628265e- 02,
. 167758617353607324783298657172830203896433848418061622436727e- 03,
. 531695411585766548347442266431874060229304787191589430967538e- 02,
. 594288782414604768637856446111392724059836934455189837500244e- 03,
. 953540387057939240459305406538116220678495240302592677582773e- 03,
. 389062408165908575935815973439728988151836094753689966108405e- 03,
. 480800953405711999411461002429227385937942254778524257436278e- 03,
. 860718214455795912074482150710567824317228203897000129729967e- 03,
. 204309257604658876916644980097327372892008586047095719636829e- 03,
. 074380696351291355073899234941719080473877020595209197706651e- 03,
. 727305847336937211749282358350196461733595290569540045817329e- 04,
. 908329007590351474487792254066540683724948757382104652497458e- 04,
. 393166251766185755059005296958129844094063524324718175254673e- 06,
. 780431898251245351831728023200069586928513661382622116969992e- 04,
. 160438516273709306234368807933932360567787692918883118883736e- 05,
. 929564423417301834310231482621574127409950921583062559483686€- 05,
. 423335398816890365621188379922041046073808819182024026589770e- 05
. 070805757828453800203677464921508178468256685438211818575040e- 06,
. 866121366757736169176034432364298134186929098274651022820760e- 06,
.607516102879771631230351118595069330196155459105589342866625e- 07,
. 288371276141527305481395545993763010565968667577768164201792e- 06,
. 426923407952870147984002129341809185622768353983550670755106e- 07
. 985791291985944076942626511739220753169387460984290019185514e- 07,
. 822443332571053437467128998002798233969112236553215291639303e- 07,
. 377972703730854377516206663481869099376154259897212784144779e- 08,
. 987838198518880722819502850814936369197384392561970319349663e- 08,
. 672863576838181340505563759379169099717712645283448779390320e- 09,
.111211857347453839549366593998758891130921028374576213256027e- 09,
.671392677251932495173219614104411841891545601521784559793012e- 09,
. 496402105246193648073519269370197331176405371538404298745013e- 10,
. 426833102305682309891302883361232297664099485514601790344279e- 10,
. 049574453945863430361296931455141500128170151643206937547928e- 11,
. 420236859889936792437077844940412749343225644487770840543290e- 11,
.509414720765524548752673631197714447818740985929081064907524e- 12
. 343481218953278765982532722689984725170758193566174566492199e- 13,
. 152488386833302618520603545685994753329478275805993737095214e- 13,
.214740247174398315576214699577230693021307854673557214652751e- 14,
. 196510545363322414033654470779070592316600780697558361083151e- 15,
. 289373678416306368625564108782095644036415401902518812978798e- 16} ;
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const doubl e Daub34[68] = {

. 770510632730285627466067796809329117324708919047900817738025e- 06,
.299476200679530037833484815390569400369432658207722720405084e- 04,
. 364061390059049998200014449396877439591680435610837369411339e- 03,
. 819889403884978803182764563095879335330977939541630862804757e- 03,
. 904884135178594138905026219591569204043816577941517019631916e- 02,
.241524821113768081954449898210969172708199672428635378051285e- 01
. 877650592337145629334256618087718872558560120999651277991839%¢e- 01
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. 784787462793710621468610706120519466268010329031345843336104e- 01,
. 305550996564631773133260223990794445605699030503652382795600e- 01,
. 903663295072749510455945186199530115755664977934564128822650e- 01,
. 282468421744371672912377747048558427612774932943748628650824e- 01,
. 315253015083869417715548463087537345035828886426345397256876e- 01,
.038919155156404718287260506925867970596448618647006698388596e- 01,
.169072201874275950610018667099322465619408030256534197819784e- 01,
.666017504122074437311574334509261366682993700573488534577890e- 01,
.273373582238011562843862636988693890108793629966541695807247e- 01,
.609249271778668063014799490429649196614628857267382976958607e- 01,
. 799184693794810738265349531832015087096882277333968473726399%e- 02,
. 341259602711361284802399913977387999358280900708582462625539%¢e- 01,
. 448296806413904636632671383140642554265865948686157271017286e- 02
. 029475969928140852342073823689090498245496056845473569066667e- 01,
. 357609464963129726428486610925800727137724136370669421246609e- 02,
. 318523543679560555546221335452045680757998947493883124934567e- 02,
.701283841786244960356402125554190040750079009127461655784927e- 02,
. 743855964527776247220681410983851377889756018716427358008296e- 02,
. 073974657395934459931226513844134346305562928466993208164603e- 02,
. 722835075635419610095839895805858855202745897718117731496534e- 02,
.367173792282636485046786438094940427456079528043555566867110e- 02,
. 314398001665716086105827506126287041342680578404007359439612e- 02,
. 640937419986519252112261495537409592363156309874473310057471e- 02,
. 713649260999809905918876125437488856235874027077755004539205e- 03,
. 004550670836151917439146861146431000364858401181337134891421e- 02
.194748845153872839014356621835501857322345445234809347431098e- 04,
. 334950768759936032170270195983921511565539100791906952901398e- 03,
.692127975067836975989490900561029844887285335804349474993607¢e- 04,
. 399453943537055863933124827688081952701780599883067560501870e- 03,
. 589959874363661955444898475746536583497522107459291718900058e- 04,
. 751999064078688732610570055224339733760304773327228476255647¢e- 04,
. 527355762144197975516415296735124460550632283763688359649888e- 04,
. 326732140233531635428863212833942245597361085708567528230733e- 04,
. 650772397558057819755811309071002543822145660933016957735937e- 04,
.660050018453441903046828468025589086403126180798464347801678e- 05,
.914697770780134603580350758869378471802751837608461971022567e- 05
. 353117227249649581251887376414486225127346352042209141315562e- 05,
. 844951419697807376503080001943765930601242225183893658540032e- 05,
. 057657494257950623848316304755218120233253479317574337409622e- 05,
. 710826510998303938275050074333400305512451419983646591762318e- 06,
.169871758547028398316761659984928804362023643629741358799744e- 06,
.979718101421307748081857636471761057429219265531618602960147e- 07
.116306534817008428597995070751765080383261658112656948526954e- 06,
.448195708333185127061180618150009526758658641231104901703561e- 07
. 025990666667859216690536885693725545344933235432307649205497e- 07,
. 526701740412589411177481797841044281662555785969415398369019e- 08,
. 990346501531736915866180448337614967570744211158241514589121e- 08
. 740423332936068076497051274445147160190783847854409836489662¢e- 08,
.665744261368722215864741166245385888818567571145958531936939e- 10,
. 316501946995482751582294240136010067415084499025753117941001e- 09,
.446378210323402313101214894500231181606520211579581132442548e- 10,
.300410318609415248880403259300467720631189120978928377152233e- 10,
.904774537632409015479530333979124540183199174591377762845227e- 11,
. 004208735461769864836516428998306778031143650101842361622330e- 11,
. 080125354000167254059025929915591291115751734288584563131636e- 12,
.107879108915301546285370395443778864676275235126044599683271e- 12,
. 799451158211597727901178520526388692140586041163624252991805e- 14,
.579194051799733179793112298652600511486581216528683482143106e- 14,
.317083703906408481078257081903089523234020423092175261925515e- 14,
. 587338381935699555813538163144986688834142571207152879144731e- 15
. 148944754480590128244815794312606245147888158018823490936280e- 16} ;
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const doubl e Daub35[70] = {

. 067934061148559026665247110206084571051201477121972612218005e- 06
.421469475576740631603027533116630224451049736050903361458759e- 05
.019122680375098109319314672751485080202557607467199213778085e- 03,
. 807292884319132011971333979015625113494050642797397817625326e- 03,
.123628851149071453063391210769353068187088999495893257051179e- 02
. 034044558614783789938787754929279183985553322796063517049140e-01
.513073789944933128513251971488905042866779761014740192816902e- 01
. 435927392240354378183910489448494594782039032807956294826105e- 01
. 370084275091661028670690231716974547580034932361053607723887e-01
. 603456405180473278744458573988718422538114217890792270621563e-01
. 388388187393404111343479394097224312100349011932028865098625e- 02,
. 238228649121161212147302807993176715625480327235512530593160e- 01
. 817869767667278325788350264528191676841493369460849123538616e-01
. 660413574907809195438433327470947940538097914525298064477785e- 01
.172992893210892977675493456199559114036326358517672106972956e- 01
. 526287131067753892154895911331108284007380738865652420304233e- 02,
.919195892985939528760786800798636198516495957924798820500876e- 01
. 930954466601835091947734585938109944647435243484967057775110e- 02,
. 552924803962371144206753760712566993987319378965231186477630e-01
. 752680834111350445288110998030979143710864689041902167119118e- 03,
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. 205855226433935545076589480704957722635324456812322150437989e- 01,
. 734229172641948763293980314992213293971770695480616789828384e- 03,
. 991354757072954417865374195261962983644048998218233900481856e- 02,
. 318558949903924837875002823617504227246562152671894579504378e- 03,
. 335603744044346612098887534020545705731671718057964802006671e- 02,
. 322854958503655524455929847605110719648746890497356808289302e- 02,
. 125469306470509212749750814299126656151504805845417994651417e- 02,
.436683978422007182104025173214012797788904894291716373493525e- 02
.416949780166026740294880681731084091264533168816746227537030e- 02,
. 276645671565674419403918018742432714973656598227939824940035e- 02,
.228943600811871086161967625814297050611100200023898377949151e- 02,
. 577797899235709998147309703713518608283233882793489733491642e- 03,
. 085991649233429881797636583578921194675393807761154549733547e- 03,
. 137754586740521089596801883631921221145712545042519987641234e- 03,
.428088794070762107355585870669842132609159040625895090070111e- 03
. 357644380922383229567732565298665639037348585961127075507937e- 03,
.615969435172736546769649923895317451534703066016116257300160e- 06,
. 549637469702362975561719246539787717204438637997824935787688e- 03,
. 346692164250854961608526121524596908041109918361306282201310e- 04,
. 864810318991817532175809224131456738367101035694188223408841e- 04,
. 648328819961289039302810122699710966048565368047575218693134e- 04,
. 700012283661249043584690194716767771204207742625746308522935e- 04,
. 365883072261161602559926714744746422567509177443594045709653e- 04,
. 976995962848509743944225866488519668585242655980656646544319e- 05,
.304143122913310222538317980686374696005605533475685587486683e- 05,
.437001526827789860990429478540556752694389693432668831073769e- 06
.572442077270281693663288966405861215692805972737981986121447e- 05,
.308047861716731191350493437937513220737450410132878032163179e- 06,
. 353345862871309889390877168046133657377105681618708355266688e- 06,
. 895929617693153288493891051875444439753318548105998166574535e- 06,
. 903931733287306166657519468494511920760767388397825775326745e- 07,
. 302368616904760917074352633915743250769600635829229600812520e- 07,
. 700308378205124537986402644918879149894035910106489082512364e- 08
. 990396944534900755781728477561240762191443422318249128866740e- 08,
.008188650719066928230268918661718274504955045022550217051301e- 08,
. 084902733789934825266560240100449884702749303326571747323086e- 08,
.458116552893037631192407611262788593505988638365840409367117e- 09
. 897951310384361575470355861162022501172491937837712969865619e- 11,
. 030823345485433383811700481488557422005210168069163779730908e- 09,
.433545573751672936168877250405940817227367937230289801251648e- 10,
.407938256501889018430608323235974406219193176918284664973727e- 11,
. 000536627253744510742788201354093006471710416671002244302586e- 11,
. 125639357108557540598098228678150768528121565391376265627294e- 12,
. 567065476155081449204643852428401530283519685638256074752850e- 12,
.015088533687900921948605418789324826115616416343391081288979e- 13,
. 597954328893848084315198205094389145706680129208998638802995e- 14,
.397720856796267431956783825659069596940335130100871912329556e- 14,
.624037434720089202680337663692777682810714650060805832406135e- 15,
.298012529324185420921555664719863501848315099116725184370339e- 16,
.014628712333488654318569164614220308046021091178184654250982e- 17} ;

'
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const doubl e Daub36[72] = {

. 867925182755946334630479473029238615535511775894262711054705e- 06,
. 826028678546358691748629102209605362240344266505035981791715e- 05,
.602151099668488285869792677106082100141275054892389379198545e- 04,
. 240297377409884366201603524392995696042174937194435235003941e- 03,
. 489056564482796484885927333959115579403023347044729739255255e- 02
. 565209259526409083864716995521111486437594750377856524772704e- 02,
. 177569530979008149637945915719999746248969705650625533415876e- 01
. 064336977082553467407793990250384445903151630768558142125382e- 01
. 322668952607286914777444748641462027213554723153906901129337e- 01,
.178753356009697863620634559374236455222275302996931178265919e- 01
. 397519752934862993862182898358763783110745559238982179690132e- 02,
.944210395891145711100715969898758940722458887377844633443675e- 01,
.468070369781255270524798278622698446566520718230313889086016e- 01,
. 811420416311477050518401371401568038943437322299913514049728e- 02,
. 465372776089742110529709111809595434656418762898152706621356e- 01
. 278515095792229009687682299460382878643139026668958884429641e- 03,
. 993372056086496198603363400094784142714162256792182570541036e- 01
. 586140074639271639145126228774831743002971373998329604574394e- 02
. 541062366276428841776316300420654875883842819413623395358262e- 01,
.027618007353842862036816972809884096761706036019748316890913e- 02,
.188037543101356316801816931383547446073152951044444224449501e- 01,
. 988085357551317584091699967924044034100374257075864260934102e- 02,
. 115678225801654406336059281306715151058903055370522031843771e- 02,
.503872144956848989919484296709846860569180993040383621980546e- 02,
. 820901663681751124880436344265538690580358108714540763125119e- 02,
.131910031681742794381808082173695022123056280821611354577883e- 02,
. 851308354780908538616267662315735632292989749013261207046367e- 02,
.424972661765391603147802607378542396323429657660009755652404e- 03
.198072067763969654470293513742344601172739688274251641873778e- 02,
. 984040198717004857397179486790082321314291366656151213429068e- 03,
. 906359478062535932877576164368198274858108513696832728889209e- 02,
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. 657813245058818380424016973516714570499161434975761798379020e- 03
.990263473281372348001743806489172665465685056975652497503772e- 03,
. 022989106665829004699819220796538830393945994687289792465541e- 03,
.413484835350575251918616780287775585471012556848037301025999e- 03,
. 484541445404883311209541395428535732697661971818727286003028e- 03,
. 503074066296643749549363655363411879858070202740814054964603e- 03,
.990793771851737270404293245701878186600899439513475823305914e- 03,
. 776812795712026068152384207605140383490242756921936501940389e- 04,
.463403823261101964604918059447913047725482130063492242779878e- 04,
. 614565758992702032613879159402330909634737204578606399403107e- 05
.693507284967510502620040341882236687749563414433432842567511e- 04,
. 155118895843527096848376999413102395191976350936666573818799e- 04,
. 131899468084665671727391922924411467938450743565106978099456e- 04,
.694741196930590257104231749283786251555566773398199990337698e- 05,
. 375106683660860777161950832380341362257503761490580896617678e- 05,
. 731390824654337912922346414722045404779935825834384250023192e- 05,
. 183471059985615942783182762352360917304348034947412986608322e- 06,
. 372218198160788432628056043217491552198857358432112275253310e- 06,
. 586145782434577495502614631566211839722879492827911790709498e- 06
.870811602859180713762972281154953528056257451900381097476968e- 06,
.311421279707778528163597405935375886855029592150424544500718e- 07,
. 548423522556577831218519052844387478819866531902854523544709e- 07,
. 455377658434232699135878286794578515387138194247693201846263e- 07
. 753249073339512254085076456700241929492720457889076058451072e- 09,
. 799043465450992009934526867650497683545716858606119786327559¢e- 08,
. 156093688817008406756913949175208452083765368825442482226093e- 08,
.612784343327791397474114357094368557982413895802980814813369¢e- 09,
. 138841695782424018351567952158415003571380699236147752239001e- 09,
.090815553713751810964713058800448676068475673611349566405716e- 10,
. 512545778563249634425200856088490195004077806062978067796020e- 10,
. 962418203859611987065968320295929679774693465791367610044773e- 11,
. 037429098112535221800013609576297196061786927734556635696416e- 11,
.599716689261357143200396922409448515398648489795044468046420e- 11,
. 876846287217374213524399682895564055949886050748321818411161e- 13,
.070969357114017002424433471621197579059927261727846375968378e- 12,
.029285026974877268896134589769473854669758797446795757329862e- 13,
. 542263182639804235231685861028995158694397223907295269180336e- 15,
. 338071386299105896025578761458472955294763310766371178363783e- 14,
.204628543401749860439316638848579711789176444320134355253750e- 15,
. 339971984818693213132578777712503670014459411167839211495237e- 16
.403274175373190617489823209168013922564353495443487431242610e- 17} ;

PWOWWRUOWROFRPRWORARRPRWUORANNNORRFRORNNORPFRPWOONRFRRWAOOIOO

const doubl e Daub37[74] = {

. 022060862498392121815038335333633351464174415618614893795880e- 06,
. 942343750628132004714286117434454499485737947791397867195910e- 05
. 662418377066724013768394373249439163518654840493603575144737e- 04,
. 024140368257286770702140124893772447952256842478891548092703e- 03
. 976228615387959153244055502205017461538589475705618414896893e- 02,
. 058482597718160832030361890793007659963483925312132741868671e- 02,
. 873263318620649448028843491747601576761901656888288838192023e-01
. 684409724003061409445838616964941132670287724754729425204047e- 01,
.181670408556228873104519667534437205387109579265718071174178e- 01,
. 622075536616057145505448401528172070050768534504278694229363e- 01
. 308789632330201726057701201017649601034381070893275586898075e- 01,
.461804297610834132869018581145720710365433914584680691693717e-01
. 943759152626617722808219575932673733674290772235644691367427e- 01,
. 967150045235938977077768648740052380288156507222647187301894e- 02,
. 515232543602686933435224095078166291442923992611593827552710e- 01,
. 180602838721862339029076982652411696000045533716726027662147e-02,
.819622917786080007408824256525225216444443143868752611284260e- 01
. 084517138233017845554078812341876568514835176341639783558543e- 01,
. 299296469598537527842528895259188653120602318620944502979726e- 01
.017802968388141797470948228505865617480048287983176581607964e- 01,
. 660754061668439030915405045955772715988585374771282291315496e- 02,
. 233021190655740867404073660920379414988302492018783774702028e- 02,
. 504761994836017933579005072594245435071674452882148228583865e- 02,
. 956741087152995245435589042520108066877114768216272503684398e- 02,
. 925681563265897095153806724965924334077555174281436189512239¢e- 02
. 825382947938424882011108885090442116802994193611884738133373e-02,
.580794415126833246633256156110381805848138158784734496981778e- 02,
. 097280059259754883313769469036393294461497749083921162354229e- 02,
. 352358406410096994358662875913243067234786296009238949920582e- 02,
. 833493890410232394064187990625563257107429109130726291528648e- 03,
. 261865154459947356571431658958802912061105608212828675323452e- 02,
. 690472383484423743663952859090705636512807161536954018400081e- 03,
. 376398196289478433857985486097070339786225136728067000591187e- 02,
.519305778833399218481261844599507408563295102235964076544334e- 03,
. 387757452855583640107787619408806919082115520707105052944171e- 03,
. 248053187003824706127276829147166466869908326245810952521710e- 03
. 394523276408398601988475786247462646314228994098320665709345e- 03
. 816871343801423525477184531347879515909226877688306010517914e- 03
. 263934258117477182626760951047019242187910977671449470318766e- 03,
.111484865318630197259018233162929628309920117691177260742614e- 03,

'
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.280788470880198419407186455190899535706232295554613820907245e- 04,
.490532773373631230219769273898345809368332716288071475378651e- 04,
. 534439023195503211083338679106161291342621676983096723309776e- 05,
. 208944032455493852493630802748509781675182699536797043565515e- 04,
. 336726125945695214852398433524024058216834313839357806404424e- 05,
. 055138782065465075838703109997365141906130284669094131032488e- 05,
.098662927619930052417611453170793938796310141219293329658062¢e- 05,
.639162496160583099236044020495877311072716199713679670940295e- 05,
. 354327718416781810683349121150634031343717637827354228989989¢- 05,
. 849945003115590390789683032647334516600314304175482456338006e- 06,
. 309941556597092389020622638271988877959028012481278949268461e- 06,
. 854731396996411681769911684430785681028852413859386141424939%e- 07,
.002121399297177629772998172241869405763288457224082581829033e- 06,
.494948603445727645895194867933547164628229076947330682199174e- 07
. 509885388671583553484927666148474078148724554849968758642331e- 07
.109031232216439389999036327867142640916239658806376290861690e- 07,
. 350657515461434290618742656970344024396382191417247602674540e- 09
. 252193836724805775389816424695618411834716065179297102428180e- 08,
. 224485706362419268050011630338101126995607958955688879525896e- 09,
. 793974465953982659829387370821677112004867350709951380622807e- 09,
. 297205001469435139867686007585972538983682739297235604327668e- 09,
.031411129096974965677950646498153071722880698222864687038596e- 10,
. 946164894082315021308714557636277980079559327508927751052218e- 10,
. 203398244123241367987902201268363088933939831689591684670080e- 11,
. 398415715537641487959551682557483348661602836709278513081908e- 11,
. 334955440973913249611879065201632922100533284261000819747915e- 12,
.096363194234800541614775742755555713279549381264881030843258e- 13,
.421612409872105367333572734854401373201808896976552663098518e- 13
. 138052830921439682522395208295427884729893377395129205716662e- 13
. 518889607463726394454509623712773172513778367070839294449849e- 16,
. 243025691884205832260354503748325334301994904062750850180233e- 15,
. 189012387508252879928637969242590755033933791160383262132698e- 15,
. 199280335852879554967035114674445327319437557227036460257649e- 16
. 906615064935203694857690087429901193139905690549533773201453e- 18} ;

'
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const doubl e Daub38[76] = {

.425776641674131672055420247567865803211784397464191115245081e- 06
. 576251994264023012742569014888876217958307227940126418281357e- 05
.211702664727116432247014444906469155300573201130549739553848e- 04,
.083088119253751774288740090262741910177322520624582862578292e- 03,
. 563724934757215617277490102724080070486270026632620664785632e- 02,
. 788994361285925649727664279317241952513246287766481213301801e- 02,
. 600719935641106973482800861166599685169395465055048951307626e- 01,
.307757814110146511493637534404611754800768677041577030757306e- 01
.965911753117180976599171147718708939352414838951726087564419e- 01,
. 933560785171007975728485346997317064969513623594359091115804e- 01
.130505713555785138286743353458562451255624665951160445122307e- 01,
. 828676677083358907975548507946239135218223185041410632924815e- 01,
.216756378089978628483471725406916361929841940528189059002548e- 01,
. 226650604782432226643360160478765847565862101045597180310490e- 02,
. 321259638353531085028708104285994998671615563662858079262996e- 01
.499851196187170199586403453788927307298226028262603028635758e- 01
. 417956859730596216710053144522330276392591055375830654519080e- 01
.599125651582443618288533214523534937804208844386102639177693e- 01,
.563812155615105741612217814369165313487129645536001850276987e- 02,
.414147340733826800884683119379170594092606174915755283496153e- 01,
. 658645863072738145681787657843320646815509410635114234947902e- 02
.147311707107443752394144019458942779715665489230169950201022e- 01,
. 309589543304764288137871223616030624246568683595408792078602e- 02,
. 720439826203975011910714164154456762073786124233088471855868e- 02,
. 660510340287429567372071039506772372567938710943432838908247¢e-02,
.176620870841315993604736705613246241897497782373337911398117e- 02,
.198987753153780630818381136366859026137035450576631134176875e- 02,
. 005498110511594820952087086241114309038577379366732959648548e- 02,
.689149388089451438550851767715967313417890393287236700072071e- 02,
. 311413402054931680856913553585621248925303865540203357180768e- 02,
. 090464525565524340215982365351342094670261491526831672682244e- 02
.129049727868596484270081487761544232851115891449843967151657e- 02
.470188206539868213708986402816605045648481224662435114088245e- 02
.131306656031089274123231103326745723188134548520938157995702e- 03,
. 214785032197180512031534870181734003522861645903894504302286e- 03
. 625715748403532005741565594881148757066703437214522101740941e- 04,
.071314509218348093935061417505663002006821323958752649640329%¢- 03,
.169821821064019257784165364894915621888541496773370435889585e- 04,
. 400697781890973183892306914082592143984140550210130139535193e- 03,
. 448626665537775009068937851465856973251363010924003314643612e- 04,
.424614077227377964015942271780098283910230639908018778588910e- 04,
. 810759750532863662020321063678196633409555706981476723988312e- 04,
. 817639250380670746018048967535608190123523180612961062603672e- 04,
. 031020460726611993600629020329784682496477106470427787747855e- 04,
. 555682696668420274688683005987764360677217149927938344795290e- 05,
. 262043350166170705382346537131817701361522387904917335958705e- 04,
. 155409103833717192628479047983460953381959342642374175822863e- 05,

RPRPRAWONOOOONNOOUUORMRPEPNNNAOOWORARORPRORFPENOWRNADMNWOWRFRORPRWAWE
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.175141648540397797296325065775711309197411926289412468280801e- 05,
. 334176149921350382547503457286060922218070031330137601427324e- 05,
. 037359184045599795632258335010065103524959844966094870217687e- 05,
.456730428469619160379910439617575420986972394137121953806236e- 06,
. 550844350118602575853380148525912999401292473185534395740371e- 06,
. 149960269939665207789548199790770596890252405076394885606038e- 06,
.487087586072593071869805266089426629606479876982221840833098e- 08
. 187733738874144426008474683378542368066310000602823096009187e- 07,
. 396377545508355481227961581059961184519872502493462010264633e- 07,
.400351046895965526933587176781279507953080669259318722910523e- 08
. 884757937459286762082185411608763964041010392101914854918157e- 08,
.424274800287298511126684174854414928447521710664476410973981e- 09
.034704539274858480924046490952803937328239537222908159451039e- 08,
.436329487795135706854539856979275911183628476521636251660849e- 09
. 349197753983448821850381770889786301246741304307934955997111e- 09,
. 261132557357598494535766638772624572100332209198979659077082e- 10,
. 732336490189308685740626964182623159759767536724844030164551e- 11,
. 278256522538134727330692938158991115335384611795874767521731e- 11,
.101692934599454551150832622160224231280195362919498540913658e- 11,
.291537317039508581580913620859140835852886308989584198166174e- 12,
.484789237563642857043361214502760723611468591833262675852242e- 12
. 626496504065252070488282876470525379851429538389481576454618e- 14,
. 808661236274530582267084846343959377085922019067808145635263e- 13
. 249817819571463006966616371554206572863122562744916796556474e- 14,
.563397162127373109101691643047923747796563449194075621854491e- 16,
. 045099676788988907802272564402310095398641092819367167252952e- 15,
.405307042483461342449027139838301611006835285455050155842865¢e- 16
. 304596839558790016251867477122791508849697688058169053134463e- 17,
. 716152451088744188732404281737964277713026087224248235541071e- 18} ;



DFET (click this to go back to the index)

Type : fourier transform

References : Posted by Andy Mucho

o

de :
Anal yseWaveforn(fl oat *waveform int franesize)
{

float aa[ MaxParti al s];
float bb[MaxPartial s];
for(int i=0;i<partials;i++)
{

aal i]=0;

bb[i] =0;
}

int hfs=franesizel2;
float pd=pi/hfs;
for (i=0;i<franesize;i++)

float w=wavefornfil;
int im=i-hfs;
for(int h=0; h<partial s; h++)

float th=(pd*(h+1))*im
aa[ h] +=w*cos(th);
bb[ h] +=w*sin(th);

%or (int h=0; h<partial s; h++)
anp[ h] = sqgrt (aa[ h] *aa[ h] +bb[ h] *bb[ h] )/ hf s;



Envelope detector (click this to go back to the index)

References : Posted by Bram

Notes :
Basicaly a one-pole LP filter with different coefficients for attack and release fed by the abs() of the signal. If you don't need different attack and decay
settings, just use in->abs()->LP

Code :

/lattack and release in mlliseconds

float ga = (float) exp(-1/(Sanpl eRate*attack));
float gr = (float) exp(-1/(Sanpl eRate*rel ease));

fl oat envel ope=0;

for(...)
{

//get your data into "input'
Envlin = abs(input);

i f (envel ope < Envln)

envel ope *= ga;
envel ope += (1-ga)*Envin;

}
el se
envel ope *= gr;
envel ope += (1-gr)*Envin;
// envel ope now contains......... the envel ope ;)
}
Comments

from : arguru@smartelectronix
comment : Nice , just a typo: //attack and release is entered in SECONDS actually in this code ;)



Envelope follower with different attack and release (click this to go back to the index)

References : Posted by Bram

Notes :
XXXX_in_ms is xxxx in milliseconds ;-)

Code :
init::

attack_coef = exp(log(0.01)/( attack_in_ms * sanplerate * 0.001));
rel ease_coef = exp(log(0.01)/( release_in_ns * sanplerate * 0.001));
envel ope = 0.0;

| oop: :

tnp = fabs(in);
if(tnp > envel ope)

envel ope = attack_coef * (envelope - tnp) + tnp;
el se

envel ope = rel ease_coef * (envelope - tnp) + tnp;

Comments
from : jm@kampsax.dtu.dk
comment : the expressions of the form:
xxxx_coef = exp(log(0.01)/( xxxx_in_ms * samplerate * 0.001));
can be simplified a little bit to:
xxxx_coef = pow(0.01, 1.0/( xxxx_in_ms * samplerate * 0.001));
from : kainhart@hotmail.com
comment : Excuse me if I'm asking a lame question but is the envelope variable the output for the given input sample? Also would this algorithm
apply to each channel independently for a stereo signal? One more question what is an Envelope Follower, what does it sound like?
from : yanyugiang@hotmail.com

comment : What's the difference between this one and the one you posted named 'Envelope detector'? Different definiton? What's the exact
definition of release time and attack time?



Fast in-place Walsh-Hadamard Transform (click this to go back to the index)

Type : wavelet transform
References : Posted by Timo H Tossavainen

Notes :

IIRC, They're also called walsh-hadamard transforms.

Basically like Fourier, but the basis functions are squarewaves with different sequencies.

| did this for a transform data compression study a while back.

Here's some code to do a walsh hadamard transform on long ints in-place (you need to divide by n to get transform) the order is bit-reversed at output,
IIRC.

The inverse transform is the same as the forward transform (expects bit-reversed input). i.e. x = 1/n * FWHT(FWHT(x)) (x is a vector)

Code :
void inline wht _bfly (long& a, |ong& b)
{
long tnmp = a;
a += b;
b =tnp - b;
}

/1 just a integer |og2
int inline 12 (long x)

nt |2;
or (12 =0; x >0; x >=1)

i

f

{
++ | 2;

}

return (12);

}

TEETTEEEEEE i rrrrrrrrrrd
/1 Fast in-place Wl sh-Hadamard Transform//
TEEEEEEEEE i rrrrrrrrrrrrrd
voi d FWHT (std::vector& data)

const int log2 =12 (data.size()) - 1;
for (int i =0; i <log2; ++i)

for (int j =0; j < (1 <<1l0g2); j +=1 << (i+1))
{
for (int k =0; k < (1<<i); ++k)

wht _bfly (data [j + k], data [j] + k + (1<<i)]);
}
}
}
}

Comments
from : i_arslan@gmx.net
comment: How can iimplement this code in matlab ?

from : Noor98z@hotmail.com
comment : Need an Implemtation of Walsh Transform Matlab Code

from : ambadarneh@hotmail.com
comment : well sir nice work ,but how can i get the code in MATLAB .
could you help me please.

thank you

yours sicerly

Ala' Badarneh

Jordan University of Science & Technology
Biomedical Engineering Department



FET (click this to go back to the index)

References : Toth Laszlo
Linked file : rvfft.ps
Linked file : rvfft.cpp (this linked file is included below)

Notes :

A paper (postscript) and some C++ source for 4 different fft algorithms, compiled by Toth Laszlo from the Hungarian Academy of Sciences Research
Group on Artificial Intelligence.

Toth says: "I've found that Sorensen's split-radix algorithm was the fastest, so | use this since then (this means that you may as well delete the

other routines in my source - if you believe my results)."

Li nked files
FFT library

(one-di mensi onal conpl ex and real FFTs for array
| engt hs of 27n)

Research Group on Artificial Intelligence
H 6720 Szeged, Aradi vertanuk tere 1, Hungary

I
I
I
I
I
I
/1 Author: Toth Laszlo (tothl @nf.u-szeged. hu)
I
I
I
I
/1 Last nodified: 97.05.29
NNy
#i ncl ude <mat h. h>

#i ncl ude <stdlib. h>

#i ncl ude "pi.h"

NNy
/1 Gves back "i" bit-reversed where "size" is the array
/11 ength

/lcurrently none of the routines call it

long bitreverse(long i, long size){

| ong result, mask

resul t =0
for(;size>1;size>>=1){
mask=i &1;

i >>=1;

resul t <<=1;
resul t| =mask;

}
/* __asn{ the same in assebly
nmov eax,
nmov ecx, Si zze
nmov ebx, 0
| :shr eax, 1
rcl ebx, 1
shr ecx, 1
cnp ecx, 1
jnz |
nmov result, ebx
el
return result;
}

TEEEEEEETEr b bbb r bbb rrrr
//Bit-reverser for the Bruun FFT
//Paranmeters as of "bitreverse()"

I ong bruun_reverse(long i, long sizze){
| ong result, add;

resul t =0
add=si zze;

whil e(1){

i f(i!=0)

whil e((i &) ==0) { i>>=1; add>>=1;}
i >>=1; add>>=1

resul t +=add

el se {result<<=1;result+=add; return result;}


http://www.musicdsp.org/files/rvfft.ps
http://www.musicdsp.org/files/rvfft.cpp

if(i!'=0) {

whil e((i &) ==0) { i>>=1; add>>=1;}
i >>=1; add>>=1

resul t - =add

el se {result<<=1;result-=add; return result;}

}
}

/*assenbly version
Il ong bruun_reverse(long i, long sizze){

I ong result;

resul t =0

__asn{

nov edx, si zze
nov eax, i

mov ebx, O

I: bsf cx, eax
jz keszl

inc cx

shr edx, cl

add ebx, edx

shr eax, cl

bsf cx, eax

jz kesz2

inc cx

shr edx,c

sub ebx, edx
shr eax,c

jmp |
kesz1:

shl ebx, 1

add ebx, edx
jmp vege
kesz2:

shl ebx, 1
sub ebx, edx

vege: nov result, ebx

return result;
!

NNy
Deci mation-in-freq radi x-2 in-place butterfly
data: array of doubles:
re(0),im0),re(l),im1l),...,re(size-1),in(size-1)
it means that size=array_length/2 !

suggest ed use
intput in nornal order
output in bit-reversed order

~ e e e e e e e
~ e~~~

Sour ce: Rabiner-Gold: Theory and Application of DSP,
Prentice Hall, 1978

void dif_butterfly(double *data, | ong size){

| ong angl e, astep, dl ;
doubl e xr,yr,xi,yi,w,w,h dr,di,ang;
double *11, *12, *end, *ol2

ast ep=1;
end=dat a+si ze+si ze

for (dl =si ze; dl >1; dl >>=1, ast ep+=ast ep) {

| 1=dat a

| 2=dat a+dl ;

for(;l2<end;l1=l2,12=l2+dl){
ol 2=l 2;
for(angl e=0; | 1<ol 2; 1 1+=2, | 2+=2) {

ang=2*pi *angl e/ si ze;
wr =cos(ang);
Wi =-si n(ang);
Xr=*| 1+*| 2;
Xi =*(11+1) +* (1 2+1) ;
dr=*I1-*12;
di =* (1 1+1)-*(1 2+1);
yr=dr*w -di *wi ;
yi =dr*w +di *wr;



*(11)=xr;*(l 1+1) =xi ;
*(12)=yr; *(1 2+1) =yi ;
angl e+=ast ep;

}
}

}
}
NNy
/1 Decimation-in-tinme radix-2 in-place inverse butterfly
/1 data: array of doubl es:
/1 re(0),imO0),re(l),iml),...,re(size-1),imsize-1)
/1 it means that size=array_length/2 !!
I
/1 suggested use:
/1 intput in bit-reversed order
/1 output in normal order
I
/1 Source: Rabiner-Gold: Theory and Application of DSP,
/! Prentice Hall, 1978

void inverse_dit_butterfly(double *data,long size)({

| ong angl e, astep, dl ;
doubl e xr,yr,xi,yi,w,w,h dr,di,ang;
double *11, *12, *end, *ol2;

ast ep=si ze>>1;
end=dat a+si ze+si ze;
for(dl =2; ast ep>0; dl +=dl , ast ep>>=1) {

| 1=dat a;
| 2=dat a+dl ;
for(;l2<end;l1=l2,12=l2+dl){
ol 2=1 2;
for(angl e=0; | 1<ol 2; | 1+=2, | 2+=2) {
ang=2*pi *angl e/ si ze;
wr =cos(ang) ;
wi =si n(ang);
Xr=*|1;
Xi=*(11+1);
yr=*12;
yi =*(1 2+1);
dr=yr*wr-yi *w;
di =yr*wi +yi *wr;
*(11)=xr+dr; * (1 1+1) =xi +di ;
*(12)=xr-dr;*(l2+1)=xi-di;
angl e+=ast ep;
}
}
}
}
NNy
/1 data shuffling into bit-reversed order
/1 data: array of doubles:
/1l re(0),imO0),re(l),iml),...,re(size-1),in(size-1)
/1 it means that size=array_length/2 !!
I
/1 Source: Rabiner-Gold: Theory and Application of DSP,
/'l Prentice Hall, 1978

voi d unshuffl e(doubl e *data, |ong size){

long i,j,k, 1, m
double re,im

//old version - turned out to be a bit slower
/*for(i=0;i<size-1;i++){
j=bitreverse(i,size);
if (j>i){ /'] swap
re=datali+i];imedata[i +i +1];
data[i+i]=data[j+j];data[i+i +1] =data[]j +j +1];
data[j+j]=re;data[j+j+1]=im

}
pel
| =si ze-1;
nEsi ze>>1;
for (i=0,j=0; i<l ; i++){

if (i<p){

re=data[j+j]; inrdata[j+j+1];

data[j+j]=data[i+i]; data[j+j +1]=data[i +i +1];
datal[i+i]=re; data[i+i +1]=im



}k:m
while (k<=j){
j-=k;
k>>=1;
}
j+=k;
}

NNy
/1 used by real fft

/| paraneters as above

I

I

I

Source: Brigham The Fast Fourier Transform
Prentice Hall, ?

void realize(double *data, |ong size){

doubl e xr,yr,xi,yi,w,w,dr,di,ang, astep;
double *I1, *I2;

| 1=dat a;
| 2=dat a+si ze+si ze- 2;
Xr=*|1;
Xi=*(l1+1);
*| 1=xr +xi ;
*(1 1+1) =xr - xi ;
| 1+=2;
ast ep=pi / si ze;
for(ang=astep; | 1<=l 2; | 1+=2, | 2- =2, ang+=ast ep) {
xr=(*11+*12)/2;
yi =(-(*11)+(*12))/2;
yr=(*(11+1) +*(12+1))/ 2;
Xi=(*(11+1)-*(12+1))/2
wr =cos(ang) ;
wi =-si n(ang);
dr=yr*wr-yi*w;
di =yr*wi +yi *wr;

*| 1=xr +dr ;
* (I 1+41) =xi +di ;
*| 2=xr-dr;
*(I2+41) =-xi +di ;
}
}
NN NNy
/1 used by inverse real fft
/| paraneters as above
/1
/1 Source: Brigham The Fast Fourier Transform
/! Prentice Hall, ?

voi d unrealize(double *data, |ong size){

doubl e xr,yr,xi,yi,w,w,dr,di, ang, astep;
double *I1, *I2;

| 1=dat a;
| 2=dat a+si ze+si ze- 2;
xr=(*11)/2;
xi=(*(11+1))/2;
*| 1=xr +Xi ;
*(1 1+1) =xr - xi ;
| 1+=2;
ast ep=pi / si ze;
for(ang=astep;| 1<=l 2; 1 1+=2,1 2- =2, ang+=ast ep) {
xr=(*11+*12)/2;
yi=(-(*11)+(*12))/2;
yr=(*(11+1) +*(1 2+1))/ 2;
Xi =(*(11+1)-*(12+1))/2
wr =cos(ang) ;
wi =-si n(ang);
dr=yr*wr-yi*w;
di =yr*w +yi *wr;

*| 2=xr +dr ;
* (I 1+1) =xi +di ;
*| 1=xr-dr;
*(12+1) =-xi +di ;
}
}

FEEEETEEE i bbb b iy



i n-place Radi x-2 FFT for conpl ex val ues

data: array of doubl es:
re(0),imO0),re(l),im1l),...,re(size-1),in(size-1)
it means that size=array_length/2 !

output is in simlar order, normalized by array |ength

e e e e
~— . ~— ~— ~—

Source: see the routines it calls ...
void fft(double *data, |ong size){
double *I, *end

dif_butterfly(data, size);
unshuf f | e(dat a, si ze)

end=dat a+si ze+si ze;
for(l=data;l<end;|++){*I=*I/size;};

}
NNy
/'l in-place Radix-2 inverse FFT for conplex val ues
/1 data: array of doubles:

/Il re(0),imO0),re(l),im1),...,re(size-1),in(size-1)
/1 it means that size=array_length/2 !!

I

/1 output is in simlar order, NOT normelized by

/1 array |length

I

/1 Source: see the routines it calls ...

void ifft(doubl e* data, |ong size){

unshuf f | e(dat a, si ze) ;
inverse_dit_butterfly(data,size);

}

TEEELEEEEEr bbb r bbb
/1 in-place Radix-2 FFT for real val ues

/1 (by the so-called "packing nethod")

/1 data: array of doubles:

/1 re(0),re(l),re(2),..., re(size-1)

/1

/1 output:

/Il re(0),re(sizel/2),re(l),iml),re(2),im2),...,re(sizel/2-1),in(sizel2-1)
/1 normalized by array |ength

/1

/1 Source: see the routines it calls ...

void real fft_packed(doubl e *data, |ong size){

double *I, *end
doubl e div;

si ze>>=1;

dif _butterfly(data, size);
unshuf f | e(dat a, si ze) ;
reali ze(dat a, si ze)

end=dat a+si ze+si ze;
di v=si ze+si ze;
for(l =data; | <end; | ++){*I =*1/div;};

}

NNy
i n-place Radix-2 inverse FFT for real val ues
(by the so-called "packing nethod")
data: array of doubles:

re(0),re(size/2),re(l),im1),re(2),im2),...,re(size/2-1),in(sizel?2-1)
out put :
re(0),re(1),re(2),...,re(size-1)

/1
/1
/1
/1
/1
/1
/1
/1
/1 NOT normalized by array length

/1

/] Source: see the routines it calls ...

void ireal fft_packed(double *data, |ong size){
doubl e *I, *end

si ze>>=1



unreal i ze(dat a, si ze) ;
unshuf fl e(dat a, si ze);
inverse_dit_butterfly(data, size);

end=dat a+si ze+si ze;
for(l=data; | <end; | ++){*I =(*1)*2;};

}

RN NN NNy
/1 Bruun FFT for real values

/1 data: array of doubles:

/1l re(0),re(l),re(2),...,re(size-1)

/1

/1 output:

/'l re(0),re(size/2),...,re(i),imi)... pairs in

/1 "bruun-reversed" order

/1 normalized by array |ength

/1

/'l Source:

/1 Bruun: z-TransformDFT Filters and FFT's

/1l I EEE Trans. ASSP, ASSP-26, No. 1, February 1978

/1

/1l Conments:

/1 (this version is inplenented in a manner that every
/1 cosine is calculated only once;

/1 faster than the other version (see next)

void real fft_bruun(doubl e *data, |ong size){

doubl e *end, *10, *I1, *12, *I3;
long dl, dl2, dl_o, dl2_o, i, j, k, kk;
doubl e dO, d1, d2, d3, c, c2, p4;

end=dat a+si ze;

//first filterings, when there're only tw taps
si ze>>=1;

dl =si ze;

dl 2=dl / 2;

for(;dl>1;dl >>=1, dl 2>>=1){
| O=dat a;

| 3=dat a+dl ;
for(i=0;i<dl;i++){

do=*| 0;

d2=*| 3;

*| 0=d0+d2;

*| 3=d0- d2;

| O++;

| 3++;

}

}

| O=dat a; | 1=dat a+1;
do=*| 0; d1=*I 1;

*| 0=d0+d1; *| 1=d0- d1;
| 1+=2;

*1=-(*11);

//the remaining filterings

p4=pi/ (2*si ze);
1=1;
kk=1;
dl _o=si zel 2;
dl 2_o=si zel 4;
whi | e(dl _o>1){
for (k=0; k<kk; k++) {
c2=p4*bruun_reverse(j, size);
c=2*cos(c2);
c2=2*sin(c2);
dl =dl _o;
dl 2=dl 2_o;
for(;dl>1;dl >>=1, dl 2>>=1){
| O=dat a+( (dl *j)<<1);
| 1=1 0+dl 2; 1 2=l O+dI ; | 3=I 1+dl ;
for(i=0;i<dl 2;i++){
di=(*11)*c;
d2=(*12)*c;
d3=*13+(*11);
do=*1 0+(*12);
*| 0=d0+d1;
*| 1=d3+d2;
*| 2=d0- d1;
*| 3=d3- d2;



| O++;
| 1++;
| 2++;
| 3++;

}

//real conversion
| 3- =4;

*| 3=*1 3-c*(*10)/2;
*|1 0=-c2*(*10)/2;
*| 1=*] 1+c*(*12)/ 2;
*| 2=-c2*(*1 2)/ 2;
j+

dl _o>>=1;
dl 2_o>>=1;
kk<<=1;

}

//division with array length
si ze<<=1,;
for(i=0;i<size;i++) data[i]=data[i]/size;

}

TEEELEEETEr e br i bbb rrrrr
Bruun FFT for real values

data: array of doubl es:
re(0),re(l),re(2),...,re(size-1)

re(0),re(size/2),re(l),im1),re(2),im2),...,re(size/2-1),in(sizel?2-1)
nornal i zed by array |ength

Source: see the routines it calls ...
idreal fft_bruun_unshuffled(double *data, |ong size){

P e e T T N

/
/
/
/
/
/ output:
/
/
/
/
o}

doubl e *dat a2;
long i,j,k;

real fft_bruun(data, si ze);

[lunshuffling - cannot be done in-place (?)
dat a2=(doubl e *) mal | oc(si ze*si zeof (doubl e)) ;
for(i=1, k=size>>1;i<k;i++){

j =bruun_reverse(i, k);

data2[j+j]=datal[i+i];

data2[j +j +1] =dat a[i +i +1];

for(i=2;i<size;i++) data[i]=data2[i];
free(data2);

THEEEEEEEEr bbb bbb b r bbb
/1 Bruun FFT for real values

/1 data: array of doubles:

/Il re(0),re(l),re(2),...,re(size-1)

/1

/1 output:

/Il re(0),re(sizel2),..., re(i),imi)... pairs in

/1 "bruun-reversed" order

/1 normalized by array |ength

/1

/'l Source:

/1 Bruun: z-Transform DFT Filters and FFT's

/1 | EEE Trans. ASSP, ASSP-26, No. 1, February 1978

/1

/1 Conments:

/1 (this version is inplenented in a row by-row manner;

/1 control structure is sinpler, but there are too

/1 much cosine calls - with a cosine | ookup table

/1 probably this would be slightly faster than bruun_fft

/*void real fft_bruun2(doubl e *data, |ong size){

double *end, *10, *I1, *12, *I3;
long dl, dl 2, i, j;
doubl e dO, d1, d2, d3, c, c2, p4;

end=dat a+si ze;
p4=pi/ (si ze);
si ze>>=1;

dl =si ze;

dl 2=dl / 2;



[/first filtering, when there're only two taps

for(;dl >1;dl >>=1, dl 2>>=1){
| O=dat a

| 3=dat a+dl ;
for(i=0;i<dl;i++)({

do=*1 0

d2=*| 3

*| 0=d0+d2;

*| 3=d0- d2;

| O++;

| 3++;

//the remaining filterings
i =1
whi | e(1 3<end) {
1 0=1 3; | 1=1 0+dl 2; 1 2=1 O+dI ; | 3=l 1+d
c=2*cos(p4*bruun_reverse(j, size))
for(i=0;i<dl2;i++){
do=*10;
di=*11,
d2=*| 2;
d3=*13;
*| 0=dO0+c*d1+d2
*| 2=d0- c*d1+d2
*| 1=d1+c*d2+d3
*| 3=d1- c*d2+d3
| O++;
| 1++;
| 2++;
| 3++;
j ++;
}
}
//the last row transformof rea
//the first two cells
| O=dat a; | 1=dat a+1;
do=*10; d1=*1 1;
*| 0=d0+d1; *| 1=d0- d1
| 1+=2;
¥l 1=-(*11);
| 0+=4; | 1+=2
//the remaining cells
i =1;
whi | e( 1 0<end) {
c=p4*bruun_reverse(j, si ze);
c2=sin(c);
c=cos(c);
*10=*| 0-c*(*l1);
*| 1=-¢c2*(*11);
| 0+=2;
| 1+=2;
*|1 0=*] O+c*(*11);
| 1=-¢c2*(*11);
| 0+=2;
| 1+=2;
j ++;

//division with array |ength

for(i=0;i<size;i++) data[i]=data[i]/size;

}
*/

dat a

//the sanme as real fft_bruun_unshuffl ed,

//but calls realfft_bruun2

/*void real fft_bruun_unshuffl ed2(doubl e *data

doubl e *dat a2;
long i,j,k;

real fft_bruun2(data, si ze);

[lunshuffling - cannot be done in-place (?)
dat a2=(doubl e *) nmal | oc(si ze*si zeof (doubl e)) ;

for(i=1, k=size>>1;i<k;i++){
j =bruun_reverse(i, k);
data2[j+j]=data[i+i];

dat a2[j +j +1] =dat a[i +i +1];

for(i=2;i<size;i++) data[i]=data2[i];

free(data2);
}el

I ong size){



NNy
Sorensen in-place split-radix FFT for real val ues
data: array of doubl es:

re(0),re(1l),re(2),...,re(size-1)
out put :
re(0),re(l),re(2),...,re(sizel/2),inm(sizel/2-1),...,im1)

nornmal i zed by array | ength

Sour ce:
Sorensen et al: Real -Valued Fast Fourier Transform Al gorithns,
| EEE Trans. ASSP, ASSP-35, No. 6, June 1987

B e
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void real fft_split(double *data,long n){

long i,j,k,i5,i6,i7,i8,i0,id,i1,i2,i3,i4,n2,n4,n8;
double t1,t2,t3,t4,t5,t6, a3, ssl,ss3,ccl, cc3, a, e, sqrt 2;

sqrt2=sqrt(2.0);
n4=n-1,

//data shuffling
for (i=0,j=0,n2=n/2; i<nd ; i++){
if (<)
tl=data[j];
data[j]=data[i];
data[i]=t1;

k=n2;

while (k<=j){
j - =k

k>>=1;

j +=k;

//length two butterflies
i 0=0;
i d=4,

do{

for (; i0<n4; i0+=id){

i 1=i 0+1;
t1=data[i0];
data[i 0] =t 1+data[i 1];
data[i l] =t1l-data[i1];

i d<<=1;
i 0=i d-2;
i d<<=1;
} while ( i0<n4d );

/1L shaped butterflies
n2=2;
for(k=n; k>2; k>>=1) {
n2<<=1;
n4=n2>>2;
n8=n2>>3,;
e = 2*pi/(n2);
i 1=0;
i d=n2<<1;
do{
for (; il<n; il+=id){
i 2=i 1+n4;
i 3=i 2+n4;
i 4=i 3+n4;
t1=dat a[i 4] +data[i 3] ;
data[i 4] -=data[i 3];
data[i 3] =data[il]-t1;
data[i 1] +=t 1;
if (nd4l=1){
i 0=i 1+n8;
i 2+=n§;
i 3+=n8§;
i 4+=n8;
tl=(data[i 3] +data[i4])/sqrt2;
t2=(data[i 3]-data[i4])/sqrt2;
data[i 4] =data[i?2]-t1;
data[i 3] =-data[i2]-t1;
data[i 2] =data[i0]-t2;
data[i 0] +=t 2;



}

o}
i d<<=1;
i 1=i d- n2;
i d<<=1;
} while ( il<n);
a=e;
for (j=2; j<=n8; j++){
a3=3*a;
ccl=cos(a);
ssl=sin(a);
cc3=cos(al);
ss3=sin(a3l3);
asj *e;
i =0;
i d=n2<<1;
do{
for (; i<n; i+=id){
i 1=i+j-1;
i 2=i 1+n4;
i 3=i 2+n4;
i 4=i 3+n4;
i 5=i +n4-j +1;
i 6=i 5+n4;
i 7=i 6+n4;
i 8=i 7+n4;
tl=data[i 3] *ccl+data[i 7] *ss1;
t2=datali 7] *ccl-data[i 3] *ss1;
t3=data[i 4] *cc3+data[i 8] *ss3;
t4=datai 8] *cc3-data[i 4] *ss3;
t 5=t 1+t 3;
t 6=t 2+t 4;
t3=t1-t3;
t4=t 2-t4;
t 2=dat a[ i 6] +t 6;
data[i 3] =t6-data[i 6];
data[i 8] =t 2;
t2=datali2]-t3;
data[i 7] =-data[i2]-t3;
data[i 4] =t 2;
t 1=dat a[i 1] +t 5;
data[i 6] =data[i1]-t5;
data[i 1] =t 1;
t 1=dat a[ i 5] +t 4;
data[i 5] - =t 4;
data[i2]=t1;

)
i d<<=1;
i =i d-n2;
i d<<=1;
} while(i<n);
}

}

//division with array |ength
for(i=0;i<n;i++) data[i]/=n;
}

NNy
Sorensen in-place split-radix FFT for real values
data: array of doubles:

re(0),re(1),re(2),...,re(size-1)
out put :
re(0),re(size/2),re(l),im1),re(2),im2),...,re(size/2-1),in(sizel2-1)

normal i zed by array |ength

Sour ce:
Source: see the routines it calls ...

~ e e e e e e~
~ e~~~

void real fft_split_unshuffl ed(double *data,long n){

doubl e *dat a2;
long i,j;

real fft_split(data,n);

[ Tunshuffling - not in-place

dat a2=(doubl e *) mal | oc(n*si zeof (doubl e));

j=nl2;

dat a2[ 0] =dat a[ 0] ;

data2[ 1] =data[j];

for(i=1;i<j;i++) {data2[i+i]=data[i];data2[i+i +1]=data[n-i];}



for(i=0;i<n;i++) data[i]=data2[i];
free(data2)
}

NNy
Sorensen in-place inverse split-radix FFT for real values
data: array of doubl es:

re(0),re(1),re(2),...,re(size/2),in(sizel2-1),...,im1)
out put:
re(0),re(1),re(2),..., re(size-1)

NOT nornulized by array length

Sour ce:
Sorensen et al: Real -Val ued Fast Fourier Transform Al gorithns,
| EEE Trans. ASSP, ASSP-35, No. 6, June 1987

B
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void ireal fft_split(double *data,long n){

long i,j,k,i5,i6,i7,i8,i0,id,i1,i2,i3,i4,n2,n4,n8, nl;
double t1,t2,t3,t4,t5, a3, ssl,ss3,ccl,cc3,a,e,sqrt2
sqrt2=sqrt(2.0);
nl=n-1;
n2=n<<1;
for(k=n; k>2; k>>=1) {
i d=n2;
n2>>=1;
n4=n2>>2
n8=n2>>3;
e = 2*pi/(n2);
i 1=0;
do{
for (; il<n; il+=id){
i 2=i 1+n4;
i 3=i 2+n4;
i 4=i 3+n4;
tl=datali l]-data[i 3];
data[i 1] +=data[i 3] ;
data[i 2] *=2;
data[i 3] =t 1- 2*data[i 4] ;
data[i 4] =t 1+2*data[i 4] ;
if (nd4l=1){
i 0=i 1+n8;
i 2+=n8;
i 3+=n8;
i 4+=n8;
tl=(data[i2]-data[iO])/sqrt2
t2=(data[i 4] +data[i3])/sqrt2
data[i O] +=data[i 2];
data[i 2] =data[i 4] -data[i 3];
data[i 3] =2*(-t2-t1);
data[i4] =2*(-t2+t1);

)
i d<<=1;
i 1=i d-n2;
i d<<=1;
} while ( il<nl );
a=e;
for (j=2; j<=n8; j++){
a3=3*a;
ccl=cos(a);

ssl=sin(a);
cc3=cos(a3l3);
ss3=sin(a3l);
asj *e;
i =0;
i d=n2<<1;
do{
for (; i<n; i+=id){
i 1=i +j -1,
i 2=i 1+n4;
i 3=i 2+n4;
i 4=i 3+n4;
i 5=i +n4-j +1;
i 6=i 5+n4;
i 7=i 6+n4;
i 8=i 7+n4;
tl1=data[i 1] -data[i 6] ;
data[i 1] +=data[i 6] ;
t2=datali5]-datali2];



data[i 5] +=dat a[i 2] ;
t3=datali 8] +data[i 3];
data[i 6] =data[i 8]-data[i 3];
t4=data[i 4] +data[i 7];

data[i 2] =data[i4]-datali7];
t5=t1-t4;

t1+=t 4,

t4=t2-t3;

t2+=t 3;

data[i 3] =t 5*ccl+t 4*ss1;
data[i 7] =-t4*ccl+t 5*ssl;
data[i 4] =t 1*cc3-t 2*ss3;
data[i 8] =t 2*cc3+t 1*ss3;

}

i d<<=1;
i =i d-n2;
i d<<=1;
} while(i<nl);
}

for (; i0<nl; i0+=id){
i 1=i 0+1;
tl1=datali0];
data[i O] =t 1+data[i 1];
data[i l] =t1-data[i1];

i d<<=1;
i 0=id-2;
i d<<=1;
} while ( i0<nl);

//data shuffling
for (i=0,j=0,n2=n/2; i<nl ; i++){
ifo(i<i)d
tl=data[j];
data[j]=data[i];
data[i]=t1,;
}

k=n2;
‘while (k<=j){
I -=K
k>>=1;
]
j +=k;
}

THIELEL T bbb rirr
Sorensen in-place radi x-2 FFT for real values
data: array of doubl es:

re(0),re(1),re(2),..., re(size-1)
out put :
re(0),re(1),re(2),...,re(sizel/2),in(sizel/2-1),...,im1)

nornmal i zed by array |ength

Sour ce:
Sorensen et al: Real -Valued Fast Fourier Transform Al gorithns,
| EEE Trans. ASSP, ASSP-35, No. 6, June 1987

T e T T Y
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void real fft_radi x2(doubl e *data, |l ong n){

double xt,a,e, t1, t2, cc, ss;
long i, j, k, nl, n2, n3, n4, i1, i2, i3, i4;

n4=n-1;
//data shuffling
for (i=0,j=0,n2=n/2; i<nd ; i++){
if(i<)d
xt=data[j];
data[j]=data[i];
datafi]=xt;

k=n2;
while (k<=j){



for (i=0; i<n; i += 2)

* */

{
xt = data[i];
data[i] = xt + data[i +1];
data[i+1] = xt - data[i+1];

}
K o o e e e e e e e e e e e e e e e e e */
n2 = 1;
for (k=n;k>2; k>>=1){
n4 = n2;
n2 = n4 << 1,
nl = n2 << 1;
e = 2*pi/(nl);

for (i=0; i<n; i+=n1){

xt = data[i];

data[i] = xt + data[i+n2];
data[i+n2] = xt-data[i +n2];

data[i +n4+n2] = -data[i +n4+n2];
a = e

n3=n4-1;

for (j =1; ] <=n3; j++){

il =i+;

i2 =i -j +n2

i3 =11+ n2;

i4=1i -j +nl

cc = cos(a);

ss = sin(a);

a += e;

tl = data[i3] * cc + data[i4] * ss;

t2 data[i3] * ss - data[i4] * cc;
data[i4] = data[i2] - t2;

data[i 3] -data[i2] - t2;
data[i2] = data[il] - t1;

data[il] += t1;

}

}

}

//division with array |ength

}

e e e e e T
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for(i=0;i<n;i++) data[i]/=n;

NNy
Sorensen in-place split-radix FFT for real val ues
data: array of doubl es:
re(0),re(1),re(2),...,re(size-1)

out put :
re(0),re(size/2),re(l),im1),re(2),im2),...,re(size/2-1),in(sizel2-1)
nornal i zed by array |ength

Sour ce:
Source: see the routines it calls ...

void real fft_radi x2_unshuf fl ed(doubl e *data, | ong n){

doubl e *dat aZ2;
long i,j;

/lunshuffling - not in-place

real fft_radi x2(data, n);

dat a2=(doubl e *) mal | oc(n*si zeof (doubl e));

j=nl2;

dat a2[ 0] =dat a[ 0] ;

data2[ 1] =data[j];

for(i=1;i<j;i++) {data2[i+i]=data[i];data2[i+i +1]=data[n-i];}
for(i=0;i<n;i++) data[i]=data2[i];

free(data2);

}



FFET classes in C++ and Object Pascal (click this to go back to the index)
Type : Real-to-Complex FFT and Complex-to-Real IFFT

References : Laurent de Soras (Object Pascal translation by Frederic Vanmol)

Linked file : EETReal.zip

Notes :
(see linkfile)

Comments
from : ms_shirbiny@hotmail.com
comment : the file doesn't exist


http://www.musicdsp.org/files/FFTReal.zip

Java FFT (click this to go back to the index)

Type : FFT Analysis
References : Posted by Loreno Heer

Notes :
May not work correctly ;-)

Copyright (C) 2003 Loreno Heer, (helohe at bluew n dot ch)

This programis free software; you can redistribute it and/or nodify

it under the ternms of the GNU General Public License as published by
the Free Software Foundation; either version 2 of the License, or
(at your option) any later version.

This programis distributed in the hope that it will be useful,
but W THOUT ANY WARRANTY; wi thout even the inplied warranty of
MERCHANTABI LI TY or FI TNESS FOR A PARTI CULAR PURPCSE. See the
G\U General Public License for nore details.

You shoul d have received a copy of the GNU General Public License
along with this program if not, wite to the Free Software
Foundation, Inc., 59 Tenple Place, Suite 330, Boston, MA 02111-1307
*/

public class West {

private static double[] sin(double step, int size){

double f = 0;

doubl e[] ret = new doubl e[si ze];
for(int i =0; i < size; i++){
ret[i] = Math.sin(f);

f += step;

return ret;

}

private static double[] add(double[] a, double[] b){
doubl e[] ¢ = new doubl e[a. | ength];

for(int i =0; i < a.length; i++){
cl[i] = a[i] + b[i];
leturn c;

private static double[] sub(double[] a, double[] b){
doubl e[] ¢ = new doubl e[a. | ength];

for(int i =0; i < a.length; i++){
cl[i] = a[i] - b[i];
1eturn c;

private static double[] add(double[] a, double b){
doubl e[] ¢ = new doubl e[a.length];

for(int i =0; i < a.length; i++){
cl[i] = al[i] + b;

return c;

}

private static double[] cp(double[] a, int size){
doubl e[] ¢ = new doubl e[ si ze] ;
for(int i =0; i < size; i++){

cli] =a[i];
}

return c;

}

private static double[] nul (double[] a, double b){
doubl e[] ¢ = new doubl e[a. | ength];

for(int i =0; i < a.length; i++){

c[i] = a[i] * b;

}

return c;

}

private static void print(double[] value){
for(int i =0; i < value.length; i++){
Systemout.print(i + "," + value[i] + "\n");
System out. printlin();

}

private static doubl e abs(double[] a){
double ¢ = 0;

for(int i =0; i < a.length; i++){

USA



c = ((c* i) + Mth.abs(a[i])) / (i + 1)
}

return c;

private static double[] fft(double[] a, int min, int max, int step){
doubl e[] ret = new double[(max - min) / step];

int i =0;

for(int d =mn; d <nmax; d =d + step){

double[] f = sin(fc(d), a.length);

doubl e[] dif = sub(a,
ret[i] =1 - abs(dif);
i ++;

return ret,;

}

private static double[] fft_log(double[] a)({
doubl e[] ret = new doubl e[ 1551];

int i =0;
for(double d = 0; d < 15.5; d =d + 0.01){
doubl e[] f sin(fc(Math. pow(2,d)), a.length);

doubl e[] dif = sub(a, f);:
ret[i] = Math.abs(1l - abs(dif));
i ++;

return ret,;

}

private static double fc(double d){
return d * Math.Pl / res;

}
private static void print_|og(double[] value){
for(int i =0; i < value.length; i++){
System out. print (Mat h. pow( 2, ((doubl e)i/100d)) + "," + value[i] + "\n");
Systemout.println();
}

public static void main(String[] args){

doubl e[] f_O0 = sin(fc(440), sample_length); // res [/ pi =>14005
//double[] f_1 = sin(.02, sanple_length);

doubl e[] f_2 = sin(fc(520), sanple_length);

//double[] f_3 = sin(.25, sanple_length);

/1 double[] f = add( add( add(f_O, f_1), f_2), f_3);
doubl e[] f = add(f_0, f_2);

[lprint(f);

doubl e[] d = cp(f, 1000);

}pri nt_log(fft_log(d));

static double length = .2; // sec
static int res = 44000; // resoultion (pro sec)
static int sanple_length = res; // resoultion

}



Look ahead limiting (click this to go back to the index)

References : Posted by Wilfried Welti

Notes :

use add_value with all values which enter the look-ahead area,
and remove_value with all value which leave this area. to get
the maximum value in the look-ahead area, use get_max_value.
in the very beginning initialize the table with zeroes.

If you always want to know the maximum amplitude in
your look-ahead area, the thing becomes a sorting
problem. very primitive approach using a look-up table

Code :
voi d | ookup_add(unsi gned section, unsigned size, unsigned val ue)
{
if (section==val ue)
| ookup[ secti on] ++;
el se

{

size >>= 1;
if (value>section)

| ookup[ secti on] ++;
| ookup_add( secti on+si ze, si ze, val ue) ;

el se
| ookup_add(secti on-si ze, si ze, val ue) ;

}

voi d | ookup_renove(unsi gned section, unsigned size, unsigned val ue)
{
if (section==val ue)
| ookup[ section]--;
el se
U
size >>= 1;
if (val ue>section)

| ookup[ section]--;
| ookup_r enove(section+si ze, si ze, val ue);

el se
| ookup_r enove(section-size, si ze, val ue);

}
unsi gned | ookup_get max(unsi gned section, unsigned size)
unsi gned max = | ookup[section] ? section : O;
size >>= 1;
if (size)
if (max)
max = | ookup_get max((secti on+si ze), si ze);

if (!max) nmax=section;
el se
max = | ookup_get max((section-size), si ze);
return nex;

}
voi d add_val ue(unsi gned val ue)

| ookup_add( LOOKUP_VALUES>>1, LOOKUP_VALUES>>1, val ue);

voi d renove_val ue(unsi gned val ue)

| ookup_r enove( LOOKUP_VALUES>>1, LOOKUP_VALUES>>1, val ue);

unsi gned get _max_val ue()

return | ookup_get max( LOOKUP_VALUES>>1, LOOKUP_VALUES>>1);
}



LPC analysis (autocorrelation + Levinson-Durbin recursion) (click this to go back to the index)

References : Posted by mail@mutagene.net

Notes :

The autocorrelation function implements a warped autocorrelation, so that frequency resolution can be specified by the variable ‘lambda’. Levinson-

Durbin recursion calculates autoregression coefficients a and reflection coefficients (for lattice filter implementation) K. Comments for Levinson-Durbin
function implement matlab version of the same function.

No optimizations.

Code :

//find the order-P autocorrelation array, R for the sequence x of length L and warping of |anbda
/I wAut ocorr el at e( &f Src[ st 1 ndex], siglen, R P,0);

WAut ocorrel ate(float * x, unsigned int L, float * R wunsigned int P, float |anbda)

{

doubl e * dI new double [L];
double* Rt new double [L];
double r1,r2,rit;

R[ 0] =0;

Rt [ 0] =0;

r1=0;

r2=0;

rlt=0;

for(unsigned int k=0; k<L;k++)

Rt [ 0] +=doubl e(x[ k] ) *doubl e(x[ k] ) ;

dl [ k] =r 1- doubl e(| anbda) *doubl e(x[ k] -r2);
rl x[ K] ;
r2 = dl[k];

for(unsigned int i=1; i<=P; i++)

(I

Rt [i]=0;

r1=0;

r 2=0;

for(unsigned int k=0; k<L;k++)

Rt[i]+=doubl e(dl [k])*doubl e(x[k]);

rit = dl[k];

dl [ k] =r 1- doubl e(| anbda) *doubl e(r1t-r2);
ri =rlt;

r2 = dl[k];

}

y o . .
for(i=0; i<=P; i++)
Rli]=float(Rt[i]);
delete[] dl;
delete[] Rt;

}

/1 Calculate the Levinson-Durbin recursion for the autocorrel ati on sequence R of
autocorrel ation coefficients a and reflection coefficients K
Levi nsonRecur si on(unsigned int P, float *R, float *A float *K)

length P+1 and return the

{
doubl e AML[62];

i f(R{0]==0.0) {
for(unsigned int i=1; i<=P; i++)
{K[i]:o. 0;
Ali]=0.0;
1}
el se {

doubl e km EmlL, Em
unsigned int k,s, m
for (k=0;k<=P; k++){
Al 0] =0;

Aml[ 0] =0; }

Eml=R[ 0] ;
for (mel; me=P; mt+) [/ nr2: N+1

{
double err=0.0f; //err = 0O
for (k=1;k<=m1;k++) //for k=2:m1
err += Aml[k]*R[mk]; // err = err + aml(k)*R(m k+1);
km= (Rim-err)/Enl; //kme(R(m-err)/Em;
Klm1] = -float(km;
Alm=(float)km //am(mnm) =km
for (k=1;k<=m1;k++) //for k=2:m1
Al k] =fl oat (AmL[ k] -kn*AnLl[ m K] ); // an(k)=aml(k)-kntanl(mk+1);
Eme(1- kntkm) *Eml; //Eme(1- kntkn) * Enmd;
for(s=0;s<=P;s++) /[/for s=1:N+1
Aml[s] = A[s]; /1 aml(s) = an(s)
Eml = Em //Eml = Em
}
}



return O;

}



Magnitude and phase plot of arbitrary IR function, up to 5th order (click this to go back to the index)

Type : magnitude and phase at any frequency
References : Posted by George Yohng

Notes :
Amplitude and phase calculation of IR equation
run at sample rate "sampleRate" at frequency "F".

AMPLITUDE

cf_mag(F,sampleRate,
a0,al,a2,a3,a4,ab,
b0,b1,b2,b3,b4,b5)

cf_phi(F,sampleRate,
a0,al,a2,a3,a4,a5,
b0,b1,b2,b3,b4,b5)

If you need a frequency diagram, draw a plot for
F=0...sampleRate/2

If you need amplitude in dB, use cf_lin2db(cf_mag(....... )
Set b0=-1 if you have such function:

y[n] = a0*x[n] + al*x[n-1] + a2*x[n-2] + a3*x[n-3] + a4*x[n-4] + a5*x[n-5] +
+ b1*y[n-1] + b2*y[n-2] + b3*y[n-3] + b4*y[n-4] + b5*y[n-5];

Set b0=1 if you have such function:

y[n] = a0*x[n] + al*x[n-1] + a2*x[n-2] + a3*x[n-3] + a4*x[n-4] + a5*x[n-5] +
- b1*y[n-1] - b2*y[n-2] - b3*y[n-3] - b4*y[n-4] - b5*y[n-5];

Do not try to reverse engineer these formulae - they don't give any sense
other than they are derived from transfer function, and they work. :)

e

de :

~

C file can be downl oaded from
http://ww. yohng. conl dsp/ cfsnp.c
*/

#define C Pl 3.14159265358979323846264

doubl e cf _mag(doubl e f, double rate,
doubl e a0, doubl e al, doubl e a2, doubl e a3, doubl e a4, doubl e a5,
doubl e b0, doubl e b1, doubl e b2, doubl e b3, doubl e b4, doubl e b5)

return

sqrt((a0*a0 + al*al + a2*a2 + a3*a3 + a4*a4 + ab*ab +
2*(a0*al + al*a2 + a2*a3 + a3*a4 + ad4*ab)*cos((2*f*C Pl)/rate) +
2*(a0*a2 + al*a3 + a2*a4 + a3*a5)*cos((4*f*C_Pl)/rate) +
2*a0*a3*cos((6*f*C_Pl)/rate) + 2*al*ad*cos((6*f*C Pl)/rate) +
2*a2*ab*cos((6*f*C Pl)/rate) + 2*a0*a4*cos((8*f*C_Pl)/rate) +
2*al*ab*cos((8*f*C Pl)/rate) + 2*a0*a5*cos((10*f*C Pl)/rate))/
(bO*b0 + bl*bl + b2*b2 + b3*b3 + b4*b4 + b5*b5 +
2*(b0*bl + bl*b2 + b2*b3 + b3*b4 + b4*b5)*cos((2*f*C_Pl)/rate) +
2*(b0*b2 + b1l*b3 + b2*b4 + b3*b5)*cos((4*f*C_Pl)/rate) +
2*b0*b3*cos((6*f*C_Pl)/rate) + 2*bl*b4*cos((6*f*C Pl)/rate) +
2*b2*b5*cos((6*f*C Pl)/rate) + 2*b0*b4*cos((8*f*C_PI )/rate) +
2*bl*b5*cos((8*f*C _Pl)/rate) + 2*b0*b5*cos((10*f*C Pl)/rate)));

doubl e cf _phi (doubl e f,double rate,
doubl e a0, doubl e al, doubl e a2, doubl e a3, doubl e a4, doubl e a5,
doubl e b0, doubl e b1, doubl e b2, doubl e b3, doubl e b4, doubl e b5)

atan2((a0*b0 + al*bl + a2*b2 + a3*b3 + a4*b4 + ab*b5 +
(a0*bl + al*(bO + b2) + a2*(bl + b3) + a5*b4 + a3*(b2 + b4) +
ad* (b3 + b5))*cos((2*f*C Pl)/rate) +
((a0 + a4)*b2 + (al + a5)*b3 + a2*(b0 + b4) +
a3*(bl + b5))*cos((4*f*C _Pl)/rate) + a3*b0*cos((6*f*C Pl)/rate) +
ad*bl*cos((6*f*C _Pl)/rate) + a5*b2*cos((6*f*C _Pl)/rate)
a0*b3*cos((6*f*C_Pl)/rate) al*b4*cos((6*f*C_Pl)/rate)
a2*b5*cos((6*f*C_Pl)/rate) ad*b0*cos((8*f*C_Pl)/rate)
ab*bl*cos((8*f*C _Pl)/rate) a0*b4*cos((8*f*C Pl )/rate)
al*b5*cos((8*f*C _Pl)/rate)
(a5*b0 + a0*b5)*cos((10*f*C Pl)/rate))/

+

+ + +

+
+
+
+



(b0*b0 + bl*bl + b2*b2 + b3*b3 + b4*b4 + b5*b5 +

2*((b0*bl + bl*b2 + b3*(b2 + b4) + b4*b5)*cos((2*f*C_Pl)/rate) +
(b2*(b0 + b4) + b3*(bl + b5))*cos((4*f*C_Pl)/rate) +

(b0*b3 + bl*b4 + b2*b5)*cos((6*f*C Pl)/rate) +

(b0*b4 + bl*b5)*cos((8*f*C Pl)/rate) +

b0*b5*cos((10*f*C _Pl)/rate))),

((a1*b0 + a3*b0 + a5*b0 - a0*bl + a2*bl + ad4*bl - al*b2 +

a3*b2 + a5*b2 - a0*b3 - a2*b3 + a4*bh3 -

al*b4 - a3*b4 + ab*b4 - aO*b5 - a2*b5 - ad4*b5 +

2*(a3*bl + ab*bl - a0*b2 + a4*(b0 + b2) - al*b3 + a5*b3 +

a2*(b0 - b4) - a0*b4 - al*b5 - a3*b5)*cos((2*f*C_Pl)/rate) +

2*(a3*b0 + ad4*bl + a5*(b0 + b2) - a0*b3 - al*b4 - a0*b5 - a2*b5)*

cos((4*f*C_Pl)/rate) + 2*ad4*b0*cos((6*f*C_Pl)/rate) +

2*ab*bl*cos((6*f*C Pl)/rate) - 2*a0*b4*cos((6*f*C Pl)/rate) -

2*al*b5*cos((6*f*C Pl)/rate) + 2*ab5*b0*cos((8*f*C Pl)/rate) -

2*a0*b5*cos((8*f*C Pl)/rate))*sin((2*f*C_Pl)/rate))/

(b0*b0 + bl*bl + b2*b2 + b3*b3 + b4*b4 + b5*b5 +

2*(b0*bl + bl*b2 + b2*b3 + b3*b4 + b4*b5)*cos((2*f*C Pl)/rate) +

2*(b0*b2 + b1l*b3 + b2*b4 + b3*b5)*cos((4*f*C_Pl)/rate) +

2*b0*b3*cos((6*f*C Pl)/rate) + 2*bl*b4*cos((6*f*C Pl)/rate) +

2*b2*b5*cos((6*f*C Pl)/rate) + 2*b0*b4*cos((8*f*C _Pl)/rate) +

2*b1*b5*cos((8*f*C Pl)/rate) + 2*b0*b5*cos((10*f*C Pl)/rate)));
}

doubl e cf_lin2db(double Iin)
{

if (lin<9e-51) return -1000; /* prevent invalid operation */
return 20*1 0og10(lin);

Comments
from:
comment : They don't appear to make any sense at all.

from : Rob
comment : Actually it is simpler to simply take the zero-padded b and a coefficients and do real->complex FFT like this (matlab code):

H_complex=fft(b,N)./fft(a,N);
phase=angle(H_complex);
Magn=abs(H_complex);

This will give you N/2 points from 0 to pi angle freq (or O to nyquist freq).

/Rob



Measuring interpollation noise (click this to go back to the index)

References : Posted by Jon Watte

Notes :

You can easily estimate the error by evaluating the actual function and
evaluating your interpolator at each of the mid-points between your
samples. The absolute difference between these values, over the absolute
value of the "correct" value, is your relative error. log10 of your relative
error times 20 is an estimate of your quantization noise in dB. Example:

You have a table for every 0.5 "index units". The value at index unit 72.0

is 0.995 and the value at index unit 72.5 is 0.999. The interpolated value

at index 72.25 is 0.997. Suppose the actual function value at that point was
0.998; you would have an error of 0.001 which is a relative error of 0.001002004..
log10(error) is about -2.99913, which times 20 is about -59.98. Thus, that's

your quantization noise at that position in the table. Repeat for each pair of
samples in the table.

Note: | said "quantization noise" not "aliasing noise". The aliasing noise will,

as far as | know, only happen when you start up-sampling without band-limiting
and get frequency aliasing (wrap-around), and thus is mostly independent of
what specific interpolation mechanism you're using.



QFT and DQFT (double precision) classes (click this to go back to the index)

References : Posted by Joshua Scholar

Linked file : gft.tar_1.9z

Notes :

Since it's a Visual C++ project (though it has relatively portable C++) |
guess the main audience are PC users. As such I'm including a zip file.
Some PC users wouldn't know what to do with a tgz file.

The QFT and DQFT (double precision) classes supply the following functions:

1. Real valued FFT and inverse FFT functions. Note that separate arraysare used
for real and imaginary component of the resulting spectrum.

2. Decomposition of a spectrum into a separate spectrum of the evensamples
and a spectrum of the odd samples. This can be useful for buildingfilter banks.

3. Reconstituting a spectrum from separate spectrums of the even samples
and odd samples. This can be useful for building filter banks.

4. A discrete Sin transform (a QFT decomposes an FFT into a DST and DCT).
5. A discrete Cos transfrom.

6. Since a QFT does it's last stage calculating from the outside in thelast part
can be left unpacked and only calculated as needed in the case wherethe entire
spectrum isn't needed (I used this for calculating correlations andconvolutions
where | only needed half of the results).
ReverseNoUnpack()
UnpackStep()
and NegUnpackStep()
implement this functionality

NOTE Reverse() normalizes its results (divides by one half the blocklength), but
ReverseNoUnpack() does not.

7. Also if you only want the first half of the results you can call ReverseHalf()

NOTE Reverse() normalizes its results (divides by one half the blocklength), but
ReverseHalf() does not.

8. QFT is less numerically stable than regular FFTs. With singleprecision calculations,
a block length of 2715 brings the accuracy down to being barelyaccurate enough.
At that size, single precision calculations tested sound files wouldoccasionally have
a sample off by 2, and a couple off by 1 per block. Full volume whitenoise would generate
a few samples off by as much as 6 per block at the end, beginning and middle.

No matter what the inputs the errors are always at the same positions in the block.
There some sort of cancelation that gets more delicate as the block size gets bigger.

For the sake of doing convolutions and the like where the forward transform is

done only once for one of the inputs, | created a AccurateForward() function.

It uses a regular FFT algorithm for blocks larger than 2212, and decomposes into even and
odd FFTs recursively.

In any case you can always use the double precision routines to get more accuracy.
DQFT even has routines that take floats as inputs and return double precision
spectrum outputs.

As for portability:

1. The files gft.cpp and dqft.cpp start with defines:
#define _USE_ASM

If you comment those define out, then what's left is C++ with no assembly language.

2. There is unnecessary windows specific code in "criticalSection.h"

| used a critical section because objects are not reentrant (each object has
permanent scratch pad memory), but obviously critical sections are operating
system specific. In any case that code can easily be taken out.

If you look at my code and see that there's an a test built in the examples
that makes sure that the results are in the ballpark of being right. It

wasn't that | expected the answers to be far off, it was that | uncommenting
the "no assembly language" versions of some routines and | wanted to make
sure that they weren't broken.


http://www.musicdsp.org/files/qft.tar_1.gz

Simple peak follower (click this to go back to the index)

Type : amplitude analysis
References : Posted by Phil Burk

Notes :
This simple peak follower will give track the peaks of a signal. It will rise rapidly when the input is rising, and then decay exponentially when the input
drops. It can be used to drive VU meters, or used in an automatic gain control circuit.

Code :
/Il halfLife = time in seconds for output to decay to half value after an inpul se

static float output = 0.0;
float scalar = pow( 0.5, 1.0/(halfLife * sanpleRate)));

if( input <0.0)
input = -input; /* Absolute value. */

if ( input >= output )

/* When we hit a peak, ride the peak to the top. */

out put = input;
}
el se
{

/* Exponential decay of output when signal is low */

output = output * scalar;

/*

** \When current gets close to 0.0, set current to 0.0 to prevent FP underfl ow
** whi ch can cause a severe perfornmance degradation due to a flood

** of interrupts.

*/

if( output < VERY_SMALL_FLOAT ) output = 0.0;



tone detection with Goertzel (click this to go back to the index)

Type : Goertzel

References : Posted by espenr@ii.uib.no

Linked file : http://www.ii.uib.no/~espenr/tonedetect.zip

Notes :
Goertzel is basically DFT of parts of a spectrum not the total spectrum as you normally do with FFT. So if you just want to check out the power for
some frequencies this could be better. Is good for DTFM detection I've heard.

The WNKk isn't calculated 100% correctly, but it seems to work so ;) Yeah and the code is C++ so you might have to do some small adjustment to
compile it as C.

Code :
/** Tone detect by Goertzel algorithm

Thi s program basically searches for tones (sines) in a sanple and reports the different dB it finds for
different frequencies. Can easily be extended with sone thresholding to report true/fal se on detection.
I"'mfar fromcertain goertzel it inplenented 100% correct, but it works :)

EE

* Hint, the SAMPLERATE, BUFFERSI ZE, FREQUENCY, NO SE and SI GNALVOLUME al | affects the outcome of the reported
dB. Tweak

* emto find the settings best for your application. Also, seens to be pretty sensitive to noise (whitenoise
anyway) which

* is a bit sad. Also | don't knowif the goertzel really likes float values for the frequency ... And using
44100 as

* sanplerate for detecting 6000 Hz tone is kinda silly | know :)

* Witten by: Espen Ri skedal, espenr@i.uib.no, july-2002
*/

#i ncl ude <i ostreanr
#i ncl ude <cmat h>
#i ncl ude <cstdlib>

using std::rand;
/1 math stuff

usi ng std::cos;
usi ng std:: abs;
usi ng std::exp;
using std::10gl0;
/1 iostream stuff
using std::cout;
using std::endl;

#define Pl 3.14159265358979323844

/'l change the defines if you want to
#def i ne SAMPLERATE 44100

#def i ne BUFFERSI ZE 8820

#def i ne FREQUENCY 6000

#define NO SE 0. 05

#def i ne S| GNALVOLUME 0. 8

/** The Goertzel algorithmconmputes the k-th DFT coefficient of the input signal using a second-order filter.
* http://ptol eny. eecs. berkel ey. edu/ papers/ 96/ dt nf _i ct/ www/ node3. ht i .
* Basiclly it just does a DFT of the frequency we want to check, and none of the others (FFT cal cul ates for
all frequencies).
*/
float goertzel (float *x, int N, float frequency, int sanplerate) {

float Skn, Sknl, Skn2;

Skn = Sknl = Skn2 = 0;

for (int i=0; i<N i++) {

Skn2 = Sknil;

Sknl = Skn;

Skn = 2*cos(2*Pl *frequency/ sanpl erate)*Sknl - Skn2 + x[i];
}

float WNk = exp(-2*Pl*frequency/sanplerate); // this one ignores conplex stuff
/1float Wk = exp(-2*)*Pl*k/ N);
return (Skn - WAk*Skn1l);

/** Cenerates a tone of the specified frequency
* Cotten from http://groups. google.conl groups?hl =en&l r =& e=UTF- 8&0e=UTF-
8&saf e=of f &sel mF3c641e%243j n%40ui csl . csl . ui uc. edu
*/
float *nakeTone(int sanplerate, float frequency, int length, float gain=1.0) {
[1y(n) =2 * cos(A) * y(n-1) - y(n-2)
/1 A= (frequency of interest) * 2 * Pl / (sanpling frequency)
/1A is in radians.
/'l frequency of interest MIST be <= 1/2 the sanpling frequency.
float *tone = new float[length];
float A = frequency*2*Pl/sanpl erate;

for (int i=0; i<length; i++) {
if (i >1) tone[i]= 2*cos(A)*tone[i-1] - tone[i-2];
else if (i >0) tone[i] = 2*cos(A)*tone[i-1] - (cos(A));


http://www.ii.uib.no/~espenr/tonedetect.zip

el se tone[i] = 2*cos(A)*cos(A) - cos(2*A);

for (int i=0; i<length; i++) tone[i] = tone[i]*gain;

return tone;

}

/** adds whitenoise to a sanple */
voi d *addNoi se(fl oat *sanple, int length, float gain=1.0) {
for (int i=0; i<length; i++) sanple[i] += (2*(rand()/(fl oat)RAND_MAX)- 1) *gai n;

/** returns the signal power/dB */
float power(float val ue)

return 20*1 ogl0(abs(val ue));
}

int main(int argc, const char* argv)
cout << "Sanplerate: " << SAMPLERATE << "Hz\n";
cout << "Buffersize: " << BUFFERSIZE << " sanpl es\n";
cout << "Correct frequency is: " << FREQUENCY << "Hz\n";
cout << " - signal volume: " << SIGNALVOLUME*100 << "%n";
cout << " - white noise: " << NO SE*100 << "%n";

float *tone = nakeTone( SAMPLERATE, FREQUENCY, BUFFERSI ZE, S| GNALVOLUME);
addNoi se(tone, BUFFERSI ZE, NO SE) ;

int stepsize = FREQUENCY/ 5;

for (int i=0; i<10; i++) {
int freq = stepsize*i;
cout << "Trying freq: " << freq << "Hz -> dB: " << power(goertzel (tone, BUFFERSI ZE, freq, SAMPLERATE)) <<
endl ;

del et e tone;

return O;

Comments
from : ashg@eth.net
comment : Hello!
I am interested in knowing that could we implement the Goertzel algorithm using only integer variables and not using floa at all. Please let me know. |
need it urgently.
regards,
Ashish

from : yunusk@telesis.com.tr
comment : Hello,

| will implement DTMF/MFR1/MFR2 generation/detection function using DSP. | have found goertzel algorithm for DTMF. Can | use this algorithm for
MFR1 and MFR2? Could you please let me know ?

Best Regards

Yunus

from : asaeiaf@hotmail.com

comment : Hello
I'm going to implement a Goertzel algorithm on a Fixed_point DSP .
Could you lead me to the changes | should consider?
| realy appreciate your helping me.

regards,
Afsaneh Asaei

from : jfishman@umsis.miamil.edu
comment : Does anybody know if and how this can be done in real time?

Thanks,
JF

from : no
comment : It can.

from : pabitra_mohan208@yahoomail.com
comment : sir.

i m pabitra.

please help me to understand this program.



18dB/oct resonant 3 pole LPF with tanh() dist (click this to go back to the index)
References : Posted by Josep M Comajuncosas

Linked file : Ipf18.zip

Linked file : Ipf18.sme

Notes :
Implementation in CSound and Sync Modular...


http://www.musicdsp.org/files/lpf18.zip
http://www.musicdsp.org/files/lpf18.sme

1st and 2nd order pink noise filters (click this to go back to the index)
Type : Pink noise
References : Posted by umminger@umminger.com

Notes :
Here are some new lower-order pink noise filter coefficients.

These have approximately equiripple error in decibels from 20hz to 20khz at a 44.1khz sampling rate.

1st order, ~ +/- 3 dB error (not recommended!)
num = [0.05338071119116 -0.03752455712906]
den =[1.00000000000000 -0.97712493947102]

2nd order, ~ +/- 0.9 dB error
num = [ 0.04957526213389 -0.06305581334498 0.01483220320740 ]
den = [ 1.00000000000000 -1.80116083982126 0.80257737639225 ]



303 type filter with saturation (click this to go back to the index)

Type : Runge-Kutta Filters

References : Posted by Hans Mikelson

Linked file : filters001.txt (this linked file is included below)

Notes :

| posted a filter to the Csound mailing list a couple of weeks ago that has a 303 flavor to it. It basically does wacky distortions to the sound. | used
Runge-Kutta for the diff eq. simulation though which makes it somewhat sluggish.

This is a CSound score!!

Li nked files

Runge-Kutta Filters
; Coded by Hans M kel son June, 2000

sr = 44100 ; Sanple rate

kr = 44100 ; Kontrol rate

ksnps = 1 ; Sanpl es/ Kontrol period

nchnls = 2 ; Normal stereo

zakinit 50, 50

Envel ope (Knob twi sting sinulation)

’ instr 1

i dur = p3 ; Duration

i anp = p4 ; Ampl i tude

ilps = p5 ; Loops

jofst = p6 . OfFf set

itabl = p7 ; Table

ioutch = p8 ; Qut put channel

i phase = p9 ; Phase

kout oscili ianp, ilps/idur, itabl, iphase ; Create the envel ope
zkw kout +i of st, ioutch ; Send out to the zak channel
endi n

Runge- Kutta Freaky Filter

’ instr 7

i dur = p3 ; Duration

iamp = p4 ; Anplitude

kfco2 zkr p5 ; Filter cutoff

kgl zkr p6 ;7 Q

ih = .001 ; Diff eq step size

ipanl = sqrt(p8) ; Pan |eft

i panr = sqrt(1-p8) ; Pan right

ifqc = cpspch(p9) ; Pitch to frequency

kpb zkr p10 ; Pentic bounce frequency

kpa zkr pl1 ; Pentic bounce anmount

kasym zkr pl2 ; Q assymmetry anount

kasep zkr p13 Q asymetry separation

kdclck linseg 0, .02, 1, idur-.04, 1, .02, 0 ; Declick envel ope
kfcol expseg 1, idur, .1
kfco = kf col*kfco2

kq = kgl*kfconl.2*. 1

kfc = kf co/ 8/ sr*44100

ay init 0

ayl init 0

ay2 init 0

ay3 init 0

axs init 0

avxs init 0

ax vVCco 1, ifqe, 2, 1, 1, 1 ; Square wave

i R K Section 1
af dbk = kg*ay/ (1+exp(-ay*3*kasep) *kasym ; Only oscillate in one
direction


http://www.musicdsp.org/files/filters001.txt

ak11l
ak21
ak31
ak41
ayl

R- K

ak12
ak22
ak32
ak42
ay2

ax3
aaxs

R-K

ak13
ak23
ak33
ak43
ay3

R-K

ak14
ak24
ak34
ak44

ay

aout

Hans M kel son <hlj nm@harter. net>

outs

endi n

i h*((ax-ayl)*kf c- af dbk)

i h*((ax-(ayl+. 5*ak11)) *kf c- af dbk)
i h*((ax-(ayl+.5*ak21)) *kf c- af dbk)
i h*((ax- (ayl+ak31)) *kf c- af dbk)
ayl+(akl1+2*ak21+2*ak31+ak41l)/6

Section 2

i h*((ayl-ay

2) *kf c)

i h*((ayl- (ay2+.5%ak12))*kfc)
i h*((ayl- (ay2+. 5*ak22))*kfc)

i h*((ayl- (ay2+ak32))*kfc)

ay2+(akl12+2*ak22+2*ak32+ak42)/ 6

; Pentic bounce equation

-. 1*ay*kpb

(ax3*ax3*ax3*ax3*ax3+ay2) *1000* kpa

Section 3
i h*((ay2-ay3)*kf c+aaxs)

i h*((ay2- (ay3+. 5*ak13)) *kf c+aaxs)
i h*((ay2- (ay3+. 5*ak23)) *kf c+aaxs)
i h*((ay2- (ay3+ak33)) *kf c+aaxs)
ay3+(ak13+2*ak23+2*ak33+ak43)/ 6

Section 4

i h*((ay3-ay

) *kf ¢)

i h*((ay3- (ay+. 5*ak14)) *kfc)
i h*((ay3- (ay+. 5*ak24))*kfc)

i h*( (ay3- (ay+ak34))*kf c)

ay+(akl4+2*ak24+2*ak34+ak44)/ 6

ay*i anmp*kdc

aout *i panl

Updat e accel eration

ck*. 07 ; Apply anp envel ope and declick

aout *i panr

Qut put the sound



All-Pass Filters, a good explanation (click this to go back to the index)
Type : information

References : Posted by Olli Niemitalo

Linked file : filters002.txt (this linked file is included below)

Linked files
All-Pass Filters

A true allpass is not just:

Instead, the first peak is negative and has a carefully chosen height.

Thi s can be achi eved by adding scaled in(T) to the scal ed output of:
out(T) =in(T) + out(T-delay)*gain

Choosing the scalings right... Looking at the critical frequencies,
those that go A) a nunber of full cycle per peak, and those that go B) a
nurmber of full cycles and a half-cycle per peak, we can set the
constraints to elimnate cancell ation:

A) The sum of all peaks nust be 1.

B) The sum of odd peaks minus the sum of even peaks (including the
negative peak which we give nunber zero) mnust be 1.

Let's get into business now that we know what we want. We call the

anpl itude of the negative peak "a" and the anplitude of the first postive
peak "b". The ratio between adjacent positive peaks, the feedback gain, is
denoted by "g".

A) The sum of positive peaks is a geonetric series and sinplifies to
b/ (1-g). Qur first constraint becones:

a+ b/(1l-g) = 1.

B) Using sinmlar math... The sum of odd peaks is b/ (1-g”2). The sum of
even peaks is a + b*g/(1-g”2). So the second constraint is forned:

b/ (1-g72) - (a + b*g/(1-g"2)) = 1.
Sol ving the two equations we get:

-g
1-gh2

a
b
Here i had a CGREAT phewwww feeling of relief |ooking at

http://harnony-central .conl Ef fects/ Articl es/ Reverb/all pass. ht m

Choosing g is up to you. You can even nake it negative, just renenmber to
keep |g| < 1. Gosh, perhaps conplex g could be used to create a
pul sating response (forget i said that)!

We can wite the allpass routine in a programmrer-w se pl easant way,
still preserving ease of mathematical analysis:

md(T)
out (T)

in(T) + g*m d(T-del ay);
(1/g-g)*md(T) - (1/9)*in(T);

That can be thought of as two filters put in serial and a third one in
parallel with them The first of the two serial ones is the delay with
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f eedback. The other "filters" are just different gains.
For the first code line, the frequency response is the usual set peaks:
1- g enr(-i wdelay)

Addi ng the m xing on the second code |ine gives the flat-magnitude
frequency response of the whole allpass system

| 1 - g enr(-i wdelay) |
The phase response is a wavy one: (formula not doubl e-checked!)
(g"2-1) sin(delay w)
(g"2+1) cos(delay w) - 2g
I hope this cleared things out - and that there aren't fatal errors! :)
-- Ali Nemtalo <oniemta@mil.student.oulu.fi>

Reprise des calculs (T = del ay)

1/g - g 1
H= --------+-+------ - -
1 - g*exp(-iwT) g
1- g2 - (1 - g*exp(-iwT))
R
(1 - g*exp(-iwl)) * g
-g + exp(-iwl)
H= - -
1 - g*exp(-iwT)
1 - g*exp(iwT)
H= exp(-iwWl) * -----nommmnnn--

1 - g*exp(-iwT)

Le nunerateur et |e denom nateur sont conjugues. d'ou :

[H =1
et
g * sin(wr)
arg (H = -wl - 2 * arctan ---------------
1 - g * cos(wl)
Ce dephasage est | e nene que celui trouve par Ali mais a |'avantage de

separer le retard global et |e dephasage.
-- Laurent de Soras <l|desoras@l ub-internet.fr>

More generally (in fact, maximally generally) you will get an all-pass
response with any transfer function of the form:

zA-n * sum (a(i) * z"i)

Hz) = b * -

sum (conj (a(i)) * z"-i)
where |b|] = 1 and of course n should be |arge enough that your filter is
causal .

-- Frederick Umm nger <fumm nger @ry- Dej a. con>



Biguad C code (click this to go back to the index)

References : Posted by Tom St Denis
Linked file : biquad.c (this linked file is included below)

Notes :
Implementation of the RBJ cookbook, in C.

Li nked files
/* Sinmple inplenentation of Biquad filters -- Tom St Denis
*

* Based on the work

Cookbook formulae for audi o EQ biquad filter coefficients

by Robert Bristow Johnson, pbjrbj @iconet.com a.k.a. robert@udioheads.com

* Avail able on the web at

http://ww. smartel ectroni x. conf musi cdsp/text/filters005. txt

Enj oy.

This work is hereby placed in the public domain for all purposes, whether
commercial, free [as in speech] or educational, etc. Use the code and pl ease
give ne credit if you w sh.

Tom St Denis -- http://tonstdenis. hone. dhs. org

TS % % X X X X X

*

/* this would be biquad.h */
#i ncl ude <math. h>
#i ncl ude <stdlib. h>

#i fndef M_LN2
#define M LN2 0.69314718055994530942
#endi f

#i f ndef M_PI
#define M Pl 3.14159265358979323846
#endi f

/* whatever sanple type you want */
t ypedef double snp_type;

/* this holds the data required to update sanples thru a filter */
t ypedef struct {

snp_type a0, al, a2, a3, a4,

snp_type x1, x2, yl, y2;

bi quad,;

extern snp_type Bi Quad(snp_type sanple, biquad * b);

extern biquad *Bi Quad_new(int type, snp_type dbGin, /* gain of filter */
snp_type freq, /* center frequency */
snp_type srate, /* sanpling rate */
snp_t ype bandwi dt h); /* bandwidth in octaves */

/* filter types */
enum {
LPF, /* low pass filter */
HPF, /* Hi gh pass filter */
BPF, /* band pass filter */
NOTCH, /* Notch Filter */
PEQ /* Peaking band EQ filter */
LSH, /* Low shelf filter */
HSH /* High shelf filter */

}s

/* Below this would be biquad.c */

/* Conputes a BiQuad filter on a sanple */
snp_type Bi Quad(snp_type sanple, biquad * b)
{

snp_type result;

/* conmpute result */

result = b->a0 * sanple + b->al * b->x1 + b->a2 * b->x2 -
b->a3 * b->yl - b->ad4 * b->y2;

/* shift x1 to x2, sanple to x1 */
b->x2 = b->x1;
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b->x1 = sanpl e;

/* shift yl to y2, result to yl */
b->y2 b->y1;
b->y1 result;

return result;

}

/* sets up a BiQuad Filter */

bi quad *Bi Quad_new(int type, snp_type dbGin, snp_type freq,
snp_type srate, snp_type bandwi dth)

{

bi quad *b;
snp_type A, omega, sn, cs, alpha, beta;
snp_type a0, al, a2, b0, bl, b2;

b = mal | oc(sizeof (bi quad));
if (b == NULL)
return NULL;

/* setup variables */

A = pow 10, dbGain /40);

omega = 2 * MPlI * freq /srate;

sn = sin(onega);

cs = cos(onega);

alpha = sn * sinh(MLN2 /2 * bandwi dth * onega /sn);
beta = sqrt(A + A);

switch (type) {

case LPF:
b0 = (1 - cs) /2
bl =1 - cs;
b2 = (1 - cs) /2
a0 = 1 + al pha;
al = -2 * cs;
a2 =1 - al pha;
br eak;
case HPF
b0 = (1 + cs) /2;
bl = -(1 + c¢s);
b2 = (1 + cs) /2;
a0 = 1 + al pha;
al = -2 * cs;
a2 = 1 - alpha;
br eak;
case BPF:
b0 = al pha;
bl = 0;
b2 = -al pha;
a0 = 1 + al pha;
al = -2 * cs;
a2 =1 - al pha;
br eak;
case NOTCH:
b0 = 1;
bl =-2 * cs;
b2 = 1;
a0 = 1 + al pha;
al = -2 * cs;
a2 =1 - alpha;
br eak;
case PEQ
b0 =1 + (alpha * A);
bl = -2 * cs;
b2 =1 - (alpha * A);
a0 = 1 + (alpha /A);
al = -2 * cs;
a2 =1 - (alpha /A);
br eak;
case LSH
bO =A* (A+1) - (A- 1) * cs + beta * sn);
bi1=2*A* (A-1) - (A+ 1) * cs);
b2 =A* (A+1) - (A- 1) * ¢cs - beta * sn);
a0 = (A+1) + (A- 1) * cs + beta * sn;
al = -2* ((A- 1) + (A+1) * cs);
a2 = (A+1) + (A- 1) * cs - beta * sn;
br eak;
case HSH:
bO =A* (A+1) + (A- 1) * ¢cs + beta * sn);
bl =-2* A* ((A- 1) + (A+ 1) * cs);
b2 =A* (A+1) + (A- 1) * ¢cs - beta * sn);
a0 = (A+1) - (A- 1) * cs + beta * sn;



al =2* ((A-1) - (A+1) * cs);
a2 =(A+1) - (A- 1) * cs - beta * sn;

br eak;
defaul t:
free(b);
return NULL;
}
/* preconpute the coefficients */
b->a0 = b0 /ao0;
b->al = bl /a0;
b->a2 = b2 /a0;
b->a3 = al /ao0;
b->a4 = a2 /a0;
/* zero initial sanples */
b->x1 = b->x2 = 0;
b->y1l = b->y2 = 0;
return b;

}
/* crc==3062280887, version==4, Sat Jul 7 00:03:23 2001 */



C++ class implementation of RBJ Filters (click this to go back to the index)

References : Posted by arguru[AT]smartelectronix[DOT]com

Linked file : CExRbjFilter.h (this linked file is included below)

Notes :
[WARNING: This code is not FPU undernormalization safe!]

Li nked files
class CFxRbj Filter

1

public:

CFxRbj Filter()
{

/1l reset filter coeffs
bOa0=bla0=b2a0=ala0=a2a0=0. 0O;

/'l reset in/out history
oul=ou2=i nl=i n2=0. Of ;

}s

float filter(float in0)
{

Il filter

float const yn = b0a0*inO + blaO*inl + b2a0*in2 - alaO*oul - a2a0O*ouZ2;

/1 push in/out buffers
i n2=i nl;

i n1=i nO;

ou2=oul;

oul=yn;

/] return out put
return yn;

b

void calc_filter_coeffs(int const type, double const frequency, doubl e const sanpl e_rate, doubl e
const q, doubl e const db_gain, bool q_is_bandw dth)

{
/1 tenmp pi
doubl e const tenp_pi =3.1415926535897932384626433832795;

/1 tenmp coef vars
doubl e al pha, a0, al, a2, b0, b1, b2;

/'l peaking, |owshelf and hishelf
i f(type>=6)

doubl e const A =pow 10. 0, (db_gai n/40.0));

doubl e const omega=2.0*tenp_pi *frequency/ sanpl e_rate;
doubl e const tsin=sin(onega);

doubl e const tcos =cos(onega);

i f(q_i s_bandw dth)

al pha=t si n*si nh(| og(2.0)/2.0*g*omega/ tsin);
el se

al pha=t sin/(2.0*q);

doubl e const beta=sqrt(A)/q;

/1 peaking

i f(type==6)

{

bO=f | oat (1. O+al pha*A);

b1l=fl oat (- 2. 0*tcos);

b2=f| oat (1. 0- al pha*A);

a0=f| oat ( 1. O+al pha/ A);

al=float (-2.0*tcos);

a2=fl oat (1. 0- al pha/ A);

}

/1 1 owshel f

i f(type==7)

{

bO=f 1 oat (A*((A+1.0)-(A-1.0)*tcos+beta*tsin));
bl=fl oat (2. O*A*((A-1.0)-(A+1.0)*tcos));

b2=f1 oat (A*((A+1.0)-(A-1.0)*tcos-beta*tsin));
a0=fl oat (( A+1.0) +(A-1.0)*tcos+beta*tsin);
al=float(-2.0*((A-1.0)+(A+1.0)*tcos));

a2=fl oat ((A+1.0) +(A-1.0) *tcos-beta*tsin);
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}

/1 hishelf
i f(type==8)
{

bO=f | oat (A*((A+1.0) +(A-1.0) *t cos+beta*tsin));
bl=fl oat (-2. 0*A*((A-1.0)+(A+1.0)*tcos));
b2=f1 oat (A*((A+1.0) +(A-1.0)*tcos-beta*tsin));

a0=fl oat ((A+1.0)-(A-1.0)*tcos+beta*tsin);
al=float(2.0*((A-1.0)-(A+1.0)*tcos));
a2=float ((A+1.0)-(A-1.0)*tcos-beta*tsin);
}

}

el se

/1 other filters

doubl e const omega=2.0*tenp_pi *frequency/ sanpl e_rate;
doubl e const tsin=sin(onega);

doubl e const tcos =cos(onega);

i f(g_i s_bandwi dth)

al pha=t si n*si nh(| og(2.0)/2.0*g*omega/ tsin);
el se

al pha=t si n/ (2.0*q);

/1 | owpass
i f(type==0)

b0=(1.0-tcos)/2.0;
b1=1. 0-tcos;
b2=(1.0-tcos)/2.0;
a0=1. O+al pha;
al=-2. 0*t cos;
a2=1. 0- al pha;

}

/'l hipass
i f(type==1)

b0=(1. 0+tcos)/ 2. 0;
bl=- (1. 0+tcos);
b2=(1. 0+tcos)/ 2. 0;
a0=1. 0+ al pha;
al=-2.0*tcos;
a2=1. 0- al pha;

}

/1 bandpass csg
i f(type==2)

b0=t si n/ 2. 0;

b1=0. 0;
b2=-tsin/2;

a0=1. O+al pha;

al=-2.0*tcos;

a2=1. 0- al pha;

}

/'l bandpass czpg
i f(type==3)
{

bO=al pha;
b1=0. 0;

b2=- al pha;
a0=1. O+al pha;
al=-2. 0*tcos;
a2=1. 0- al pha;

/1 notch
i f(type==4)
{

b0=1. 0;
bl=-2.0*tcos;
b2=1.0;
a0=1. O+al pha;
al=-2. 0*tcos;
a2=1. 0- al pha;

/1 all pass
i f(type==5)



{
b0=1. 0- al pha;
bl=-2. 0*t cos;
b2=1. O+al pha;
a0=1. O+al pha;
al=-2.0*tcos;
a2=1. 0- al pha;
}

}

/] set filter coeffs
b0a0=f | oat ( b0/ a0) ;
bla0=f | oat (bl/ a0);
b2a0=f | oat ( b2/ a0);
alaO=fl oat (al/ a0);
a2a0=f| oat (a2/ a0);

b

private:

/] filter coeffs
fl oat bOaO, blaO, b2a0, ala0, a2a0;

/1 in/out history
float oul, ou2,inl,in2;

b



Cascaded resonant Ip/hp filter (click this to go back to the index)

Type : Ip+hp
References : Posted by tobybear[AT]web[DOT]de

Notes :

/I Cascaded resonant lowpass/hipass combi-filter

/I The original source for this filter is from Paul Kellet from

/I the archive. This is a cascaded version in Delphi where the
// output of the lowpass is fed into the highpass filter.

/I Cutoff frequencies are in the range of 0<=x<1 which maps to
/I 0..nyquist frequency

I/l input variables are:

/I cut_lp: cutoff frequency of the lowpass (0..1)
/I cut_hp: cutoff frequency of the hipass (0..1)
/I res_lp: resonance of the lowpass (0..1)

/I res_hp: resonance of the hipass (0..1)

e

de :

var nl,n2,n3,n4:single; // filter delay, init these with 0!
fb_lp,fb_hp:single; // storage for cal cul ated feedback

const p4=1.0e-24; // Pentium 4 denormal problem elimnation

function dofilter(inp,cut_Ip,res_Ip,cut_hp,res_hp:single):single;
begi n

fb_lp:=res_l ptres_| p/(1-cut_Ip);
fb_hp:=res_hp+res_hp/ (1-cut_Ip);
nl: =nl+cut _| p* (i np- n1+f b_| p*(nl-n2)) +p4;

n2: =n2+cut _| p*(nl-n2);
n3: =n3+cut _hp*(n2-n3+f b_hp*(n3-n4)) +p4;
n4: =n4+cut _hp*(n3-n4);
resul t: =i-n4,
end;

Comments
from : office@hermannseib.com
comment : | guess the last line should read

result:=inp-n4;
Right?
Bye,

Hermann

from : couriervst@hotmail.com
comment : excuse me which type is? 6db/oct or 12 or what?

thanks

from : christianalthaus@gmx.de
comment : result := n2-n4



DC filter (click this to go back to the index)

Type : 1-pole/1-zero DC filter
References : Posted by andy[DOT]rossol[AT]bluewin[DOT]ch

Notes :

This is based on code found in the document:
"Introduction to Digital Filters (DRAFT)"
Julius O. Smith Il (jos@ccrma.stanford.edu)
(http://www-ccrma.stanford.edu/~josffilters/)

Some audio algorithms (asymmetric waveshaping, cascaded filters, ...) can produce DC offset. This offset can accumulate and reduce the signal/noise
ratio.

So, how to fix it? The example code from Julius O. Smith's document is:

y(n) = x(n) - x(n-1) + R * y(n-1)

/I"R" between 0.9 .. 1

/I n=current (n-1)=previous in/out value

"R" depends on sampling rate and the low frequency point. Do not set "R" to a fixed value (e.g. 0.99) if you don't know the
sample rate. Instead set R to:

(-3dB @ 40Hz): R = 1-(250/samplerate)

(-3dB @ 30Hz): R = 1-(190/samplerate)
(-3dB @ 20Hz): R = 1-(126/samplerate)

Comments
from : andy[DOT]rossol[AT]bluewin[DOT]ch
comment : | just received a mail from a musicdsp reader:
'How to calculate "R" for a given (-3dB) low frequency point?"
R =1 - (pi*2 * frequency /samplerate)
(pi=3.14159265358979)
from : rbj@surfglobal.net
comment : particularly if fixed-point arithmetic is used, this simple high-pass filter can create it's own DC offset because of limit-cycles. to cure that
look at
http://lwww.dspguru.com/comp.dsp/tricks/alg/dc_block.htm

this trick uses the concept of "noise-shaping” to prevent DC in any limit-cycles.

rb-j



Digital RIAA equalization filter coefficients (click this to go back to the index)
Type : RIAA
References : Posted by Frederick Umminger

Notes :
Use at your own risk. Confirm correctness before using. Don't assume | didn't goof something up.

-Frederick Umminger

Code :

The "turntabl e-i nput software" thread inspired ne to generate sone coefficients for a digital R AA

equal i zation filter. These coefficients were found by matching the nmagni tude response of the s-domain transfer
function using some proprietary Matlab scripts. The phase response may or may not be totally whacked.

The s-domain transfer function is

R3( 1+R1* Cl*s) ( 1+R2* C2*s) / (RL(1+R2* C2*s) + R2(1+R1*Cl*s) + R3(1+RLl*Cl*s)(1+R2*C2*s))

wher e

Rl = 883. 3k
R2 = 75k

R3 = 604
Cl = 3.6n
C2 = 1n

This is based on the reference circuit found in http://ww.hagtech. conif pdf/ri aa. pdf

The coefficients of the digital transfer function b(z*-1)/a(z”-1) in descendi ng powers of z, are:

44, 1kHz

b = [ 0.02675918611906 -0.04592084787595 0. 01921229297239]

a = [ 1.00000000000000 -0.73845850035973 -0.17951755477430]

error +/- 0.25dB

48kHz

b = 0.02675918611906 -0.04592084787595 0. 01921229297239]
a = [ 1.00000000000000 -0.73845850035973 -0.17951755477430]
error +/- 0.15dB

88. 2kHz

b = [ 0.04872204977233 -0.09076930609195 0. 04202280710877]
a = [ 1.00000000000000 -0.85197860443215 -0.10921171201431]

error +/- 0.01dB

96kHz

b = [ 0.05265477122714 -0.09864197097385 0. 04596474352090
a = [ 1.00000000000000 -0.85835597216218 -0.10600020417219 ]
error +/- 0.006dB



Formant filter (click this to go back to the index)

References : Posted by Alex

o

de :

*

Public source code by al ex@nmartel ectroni x.com

Si npl e exanpl e of inplenentation of formant filter
Vowel num can be 0,1,2,3,4 <=> AEI,OQU

Good for spectral rich input |like saw or square

-~

R e R VONEL CCEFFI Cl ENTS
const double coeff[5][11] = {

{ 8.11044e-06,

8. 943665402, - 36. 83889529, 92. 01697887, - 154. 337906, 181. 6233289,

-151. 8651235, 89. 09614114, -35.10298511, 8.388101016, -0.923313471 ///A

},

{4.36215e- 06,

8.90438318, -36.55179099, 91. 05750846, -152. 422234, 179.1170248, ///E
-149. 6496211, 87. 78352223, - 34. 60687431, 8.282228154, -0. 914150747

.
3. 33819e- 06,

{

8. 893102966, - 36. 49532826, 90. 96543286, - 152. 4545478, 179. 4835618,

-150. 315433, 88. 43409371, - 34. 98612086, 8. 407803364, - 0. 932568035 ///|
}

{1.13572e- 06,

8. 994734087, - 37. 2084849, 93. 22900521, - 156. 6929844, 184.596544, ///O

-154. 3755513, 90. 49663749, - 35. 58964535, 8. 478996281, - 0. 929252233
{ 4. 09431e- 07,

8.997322763, -37.20218544, 93. 11385476, - 156. 2530937, 183. 7080141, ///U
-153. 2631681, 89.59539726, -35. 12454591, 8. 338655623, - 0. 910251753

float formant _filter(float *in, int vowel num

res= (float) coeff[vowel nuni[0] *in +

coeff[vowel num [ 1 *menory[ 0] +
coeff[vowel nunj[2] *nmenory[1l] +
coeff[vowel nunj[3] *menory[2] +
coeff[vowel nunj[4] *nmenory[3] +
coef f [ vowel num [ 5 *menmory[ 4] +
coef f [ vowel num [ 6 *menmory[ 5] +
coeff[vowel num [7 *menory[ 6] +
coeff[vowel num [ 8 *menmory[ 7] +
coeff[vowel num [ 9 *menory[ 8] +
coef f[ vowel nunj[10] *menory[9] );

menory[ 9] = nenory[ 8] ;

menory[ 8] = nenory[7];

menory[ 7] = nmenory[ 6] ;

menor y[ 6] = nenory[ 5] ;

menor y[ 5] = nenory[ 4] ;

menor y[ 4] = nenory[ 3] ;

menory[ 3] = nenory[ 2] ;

menory[ 2] = nmenory[ 1] ;

menory[ 1] = nenory[ 0] ;

menor y[ 0] =(doubl e) res;

return res;

}

Comments

from : rhettanderson@yahoo.com
comment : Where did the coefficients come from? Do they relate to frequencies somehow? Are they male or female? Etc.

from : el98shn@ing.umu.se
comment : And are the coeffiecients for 44k1hz?
Istefancrs

from : meeloo@meeloo.net

comment : It seem to be ok at 44KHz although | get quite lot of distortion with this filter.
There are typos in the given code too, the correct version looks like this i think:
float formant_filter(float *in, int vowelnum)

float res= (float) ( coefff[vowelnum][0]* (*in) +
coefflvowelnum][1] *memory[0] +
coefflvowelnum][2] *memory[1] +
coefflvowelnum][3] *memory[2] +
coeffl[vowelnum][4] *memory[3] +
coefflvowelnum][5] *memory[4] +
coeffl[vowelnum][6] *memory[5] +
coefff[vowelnum][7] *memory[6] +
coeffl[vowelnum][8] *memory[7] +
coefflvowelnum][9] *memory[8] +
coefflvowelnum][10] *memory[9] );



(missing type and asterisk in the first calc line ;).

| tried morphing from one vowel to another and it works ok except in between 'A" and 'U' as | get a lot of distortion and sometime (depending on the
signal) the filter goes into auto-oscilation.

Sebastien Metrot

from : larsby@elak.org
comment : How did you get the coeffiecients?

Did | miss something?
/Larshby
from : stefan.hallen@dice.se
comment : Yeah, morphing lineary between the coefficients works just fine. The distortion | only get when not lowering the amplitude of the input. So

I lower it :)

Larsby, you can approximate filter curves quite easily, check your dsp literature :)

from : alex@smartelectronix.com
comment : Correct, it is for sampling rate of 44kHz.
It supposed to be female (soprano), approximated with its five formants.

--Alex.

from : ruiner33@hotmail.com
comment : Can you tell us how you calculated the coefficients?

from : antiprosynthesis@hotmail.com
comment : The distorting/sharp A vowel can be toned down easy by just changing the first coeff from 8.11044e-06 to 3.11044e-06. Sounds much
better that way.



Karlsen (click this to go back to the index)
Type : 24-dB (4-pole) lowpass
References : Posted by Best Regards,Ove Karlsen

Notes :
There's really not much voodoo going on in the filter itself, it's a simple as possible:

polel = (in * frequency) + (polel * (1 - frequency));

Most of you can probably understand that math, it's very similar to how an analog condenser works.

Although, | did have to do some JuJu to add resonance to it.

While studing the other filters, | found that the feedback phase is very important to how the overall

resonance level will be, and so | made a dynamic feedback path, and constant Q approximation by manipulation
of the feedback phase.

A bonus with this filter, is that you can "overdrive" it... Try high input levels..

Code

/1 Karlsen 24dB Filter by Ove Karlsen / Synergy-7 in the year 2003.

/1 b_f = frequency 0..1

Il b _q = resonance 0..50

/'l b_in = input

/1l to do bandpass, subtract poles from eachother, highpass subtract with input.

float b_inSH = b_in // before the while statenent.

while (b_oversample < 2) { [//2x oversanpling (@4. 1khz)
float prevfp;
prevfp = b_fp;

if (prevfp > 1) {prevfp =1;} // Qlimter
b fp = (b_fp * 0.418) + ((b_qg * pole4) * 0.582); // dynam c feedback
ro |nt p;
intfp = (b_fp * 0.36) + (prevfp * 0.64); // feedback phase
i

f
b in =b_inSH - intfp; /1 inverted feedback

polel = (b_in * b f) + (polel * (1 - b f)); // pole 1

if (polel > 1) {polel = 1;} else if (polel < -1) {polel = -1;} // pole 1 clipping
pol e2 = (polel * b f) + (pole2 * (1 - b_f)); // pole 2

pol e3 = (pol e2 * b f) + (pole3 * (1 - b_f)); // pole 3

pol e4 = (pol e3 * b f) + (poled * (1 - b_f)); // pole 4

b_over sanpl e++;

| owpassout = b_in;

Comments

from : ove@synergy-7.com

comment : Hi.

Seems to be a slight typo in my code.
lowpassout = pole4; // ofcourse :)

Best Regards,
Ove Karlsen

from : matt at ahsodit dot com
comment : Hi Ove, we spoke once on the #AROS IRC channel... I'm trying to put this code into a filter object, but I'm wandering what datatype the

input and output should be?

I'm processing my audio data in packets of 8000 signed words (16 bits) at a time. can | put one audio sample words into this function? Since it seems
to require a floating point input!

Thanks



Lowpass filter for parameter edge filtering (click this to go back to the index)

References : Olli Niemitalo
Linked file : filter001.qgif

Notes :
use this filter to smooth sudden parameter changes
(see linkfile!)

Code :

/* - Three one-pol es conbined in parallel

* - Qutput stays within input limts

- 18 dB/oct (approx) frequency response roll of f

- Quite fast, 2x3 parallel multiplications/sanple, no internal buffers
- Time-scalable, allowi ng use with different sanplerates

- Inpul se and edge responses have continuous differential

- Requires high internal nunerical precision

ok ok Ok Ok Ok

/* Parameters */
/1 Nunber of sanples fromstart of edge to hal fway to new val ue

const doubl e scal e = 100;
/1l 0 < Smoothness < 1. High is better, but may cause precision problenms
const doubl e snmoot hness = 0. 999;

/* Precalc variables */

doubl e a = 1.0-(2.4/scale); // Could also be set directly

doubl e b = snoot hness; I -

doubl e acoef = a;

doubl e bcoef = a*b;

doubl e ccoef = a*b*b;

doubl e mastergain = 1.0 / (-1.0/(log(a)+2.0*l og(b))+2.0/
(log(a) +l og(b))-1.0/10g(a));

doubl e agai n = nmast ergain;

doubl e bgain = mastergain * (log(a*b*b)*(log(a)-1og(a*b)) /

((log(a*b*b)-1o0g(a*b))*l og(a*b))
- log(a)/log(a*b));
doubl e cgain = mastergain * (-(log(a)-log(a*b)) /
(1 og(a*b*b)-1o0g(a*b)));

/* Runtinme variables */

| ong streanofs;
doubl e areg = O;
doubl e breg = 0;
doubl e creg = 0;

/* Main |oop */
for (streanofs = 0; streanofs < streansize; streanofs++)
{
/* Update filters */
areg = acoef * areg + fromstream [streanofs];
breg bcoef * breg + fronstream [streanofs];
creg ccoef * creg + fronmstream [ streanofs];

/* Conbine filters in parallel */

| ong tenp = again * areg
+ bgain * breg
+ cgain * creg;

/* Check clipping */
if (temp > 32767)
{

temp = 32767;
}
else if (temp < -32768)
{

tenp = -32768;
}

/* Store new val ue */
tostream [streanofs] = tenp;


http://www.musicdsp.org/files/filter001.gif

LP and HP filter (click this to go back to the index)

Type : biquad, tweaked butterworth

References : Posted by Patrice Tarrabia

o

de :
r =rez amount, fromsqrt(2) to ~ 0.1

f = cutoff frequency

(from~0 Hz to Sanpl eRate/2 - though many
synths seemto filter only up to Sanpl eRate/4)

The filter al go:
out(n) =al * in+ a2 * in(n-1) + a3 * in(n-2) - bl*out(n-1) - b2*out(n-2)

Lowpass:
c =10/ tan(pi * f / sanple_rate);

al =1.0/ (1.0+r *c +c* c);

a2 = 2* al;

a3 = al;

bl =2.0* ( 1.0 - c*c) * al;

b2 =(1.0-r *c+c*c) * al;
Hi pass:

c =tan(pi * f / sanple_rate);

al =1.0/ ( 1.0+r *c +c * c);

a2 = -2*al;

a3 = al;

bl =20* ( c*c - 1.0) * al

b2 =(1.0-r *c+c*c) * al;
Comments

from : andy_rossol@hotmail.com
comment : Ok, the filter works, but how to use the resonance parameter (r)? The range from sqrt(2)-lowest to 0.1 (highest res.) is Ok for a LP with
Cutoff > 3 or 4 KHz, but for lower cutoff frequencies and higher res you will get values much greater than 1! (And this means clipping like hell)

So, has anybody calculated better parameters (for r, b1, b2)?

from : kainhart@hotmail.com

comment : Below is my attempt to implement the above lowpass filter in c#. I'm just a beginner at this so it's probably something that I've messed up.
If anybody can offer a suggestion of what | may be doing wrong please help. I'm getting a bunch of stable staticky noise as my output of this filter
currently.

from : kainhart@hotmail.com
comment : public class LowPassFilter
{

/Il <summary>
/Il rez amount, from sqgrt(2) to ~ 0.1
/Il </lsummary>
floatr;
/Il <summary>
1l cutoff frequency
/Il (from ~0 Hz to SampleRate/2 - though many
Il synths seem to filter only up to SampleRate/4)
/lI</summary>
float f;
float c;

float al;
float a2;
float a3;
float b1;
float b2;

/I floatin0 = 0;
float inl = 0;
float in2 = 0;

/I float outO;
float outl = 0;
float out2 = O;

private int _SampleRate;
public LowPassFilter(int sampleRate)
{

_SampleRate = sampleRate;

1 SetParams(_SampleRate / 2f, 0.1f);
SetParams(_SampleRate / 8f, 1f);



public float Process(float input)
{
float output = al * input +
a2 *inl +
a3 *in2 -
bl * outl -
b2 * out2;

in2 =in1;
inl = input;

out2 = outl;
outl = output;

Console.WriteLine(input + ", " + output);

return output;

from : kainhart@hotmail.com
comment : /Il <summary>
i
/Il </lsummary>
public float CutoffFrequency

{
set
{
f=value;
¢ = (float) (1.0f / Math.Tan(Math.PI * f / _SampleRate));
SetParams();
}
get
{
return f;
}
}

/Il <summary>

17

/Il </lsummary>

public float Resonance

{
set
{
r = value;
SetParams();
get
{
returnr;
}
}
public void SetParams(float cutoffFrequency, float resonance)
{
r = resonance;
CutoffFrequency = cutoffFrequency;
}

/Il <summary>

/Il TODO rename

/Il <[summary>

/Il <param name="c"></param>

/Il <param name="resonance"></param>
private void SetParams()

{
al = 1f / (1f + r*c + c*c);
a2=2*al;
a3 =al;
bl =2f* (1f - c*c) * al;
b2 = (1f - r*c + c*c) * al;
}

from : kainhart@hotmail.com
comment : Nevermind | think | solved my problem. | was missing parens around the coefficients and the variables ...(al * input)...

from : kainhart[AT]hotmail.com
comment : After implementing the lowpass algorithm | get a loud ringing noise on some frequencies both high and low. Any ideas?






Moog VCEF (click this to go back to the index)

Type : 24db resonant lowpass
References : CSound source code, Stilson/Smith CCRMA paper.

Notes :
Digital approximation of Moog VCF. Fairly easy to calculate coefficients, fairly easy to process algorithm, good sound.

[11nit

cutoff = cutoff freq in Hz

s = sanpling frequency //(e.g. 44100Hz)

res = resonance [0 - 1] //(m nimum - nmaxi mum

f =2 * cutoff / fs; //[0 - 1]

k = 3.6%f - 1.6*f*f -1, //(Enpirical tunning)
p = (k+1)*0. 5;

scale = e”((1-p)*1.386249;

r = res*scal e;

y4 = output;

y1=y2=y3=y4=0l dx=0ol dyl=ol dy2=ol dy3=0;

/] Loop
/l--lInverted feed back for corner peaking
X = input - r*y4;

/] Four cascaded onepole filters (bilinear transform
yl=x*p + oldx*p - k*yl;
y2=yl*p+ol dyl*p - k*y2;
y3=y2*p+ol dy2*p - k*y3;
y4=y3*p+ol dy3*p - k*y4;

//Clipper band limted signoid
y4 = y4 - (y4"3)/6;

ol dx = x;
oldyl = y1;
oldy2 = y2;

ol dy3 y3;



Moog VCEF, variation 1 (click this to go back to the index)

Type : 24db resonant lowpass
References : CSound source code, Stilson/Smith CCRMA paper., Paul Kellett version

Notes :

The second "q =" line previously used exp() - I'm not sure if what I've done is any faster, but this line needs playing with anyway as it
controls which frequencies will self-oscillate. |
think it could be tweaked to sound better than it currently does.

Highpass / Bandpass :

They are only 6dB/oct, but still seem musically useful - the ‘fruity’ sound of the 24dB/oct lowpass is retained.

Code :

/1 Mbog 24 dB/oct resonant | owpass VCF

/'l References: CSound source code, Stilson/Smith CCRVA paper.
/1 Modified by paul . kellett @maxi mabel.co.uk July 2000

float f, p, q; //filter coefficients
float b0, bl, b2, b3, b4; //filter buffers (beware denormals!)
float t1, t2; //tenporary buffers

/Il Set coefficients given frequency & resonance [0.0...1.0]

1.0f - frequency;

frequency + 0.8f * frequency * q;

p +p - 1.0f;

resonance * (1.0f + 0.5f * g * (1.0f - g + 5.6f * q * q));

o T o
1 n

/I Filter (in [-1.0...+1.0])

in-=q* b4 /| f eedback
tl =bl; bl =(in+ b0) * p- bl * f;
t2 = b2; b2 = (bl +1tl) * p- b2 * f;
tl =b3; b3 = (b2 +1t2) * p- b3 * f;

b4 = (b3 +tl) * p- b4 * f;
b4 = b4 - b4 * b4 * b4 * 0.166667f; //clipping
b0 = in;

/'l Lowpass output: b4
/'l Hi ghpass output: in - b4;
/1 Bandpass output: 3.0f * (b3 - b4);



Moog VCE, variation 2 (click this to go back to the index)

Type : 24db resonant lowpass
References : CSound source code, Stilson/Smith CCRMA paper., Timo Tossavainen (?) version

Notes :
in[x] and out[x] are member variables, init to 0.0 the controls:

fc = cutoff, nearly linear [0,1] -> [0, fs/2]
res = resonance [0, 4] -> [no resonance, self-oscillation]

Code :
Tdoubl e MbogVCF: : run(doubl e i nput, double fc, double res)
{

double f = fc * 1.16;

double fb =res * (1.0 - 0.15 * f * f);

input -= out4 * fb;

input *= 0.35013 * (f*f)*(f*f);

outl =input + 0.3 * inl + (1 - f) * outl; // Pole 1
inl = input;
out2 = outl + 0.3 * in2 + (1 - f) * out2; // Pole 2
in2 = outl,;
out3 = out2 + 0.3 * in3 + (1 - f) * out3; // Pole 3
in3 = out2;
out4 = out3 + 0.3 * ind + (1 - f) * outd4; // Pole 4
ind = out3;
return out4;

}

Comments

from : askywhale@yahoo.fr
comment : This one works pretty well, thanks !

from : rdupres[AT]hotmail.com
comment : could somebody explain, what means this
input -= out4 * fb;
input *= 0.35013 * (f*f)*(f*f);
is "input-" and "input ** the name of an variable ??
or is this an Csound specific parameter ?7?
| want to translate this piece to Assemblercode
Robert Dupres

from : johanc@popbandetleif.cjb.net
comment : input is name of a variable with type double.

input -= out4 * fb;

is just a shorter way for writing:
input = input - out4 * fb;

and the *= operator is works similar:
input *= 0.35013 * (f*f)*(f*f);

is equal to

input = input * 0.35013 * (f*f)*(f*f);

/ Johan



Notch filter (click this to go back to the index)

Type : 2 poles 2 zeros IIR
References : Posted by Olli Niemitalo

Notes :
Creates a muted spot in the spectrum with adjustable steepness. A complex conjugate pair of zeros on the z- plane unit circle and neutralizing poles
approaching at the same angles from inside the unit circle.

Code :

Par anet er s:

0 =< freq =< sanplerate/2

0 =< g < 1 (The higher, the narrower)

Al goAl go=doubl e pi = 3.141592654;
doubl e sqrt2 = sqrt(2.0);

doubl e freq = 2050; // Change! (zero & pole angle)
double q = 0. 4; /1 Change! (pole magnitude)

doubl e z1x = cos(2*pi *freq/ sanpl erate);
doubl e a0a2 = (1-q9)*(1-q)/(2*(fabs(z1x)+1)) + q;

doubl e al = -2*zlx*alaz2;
doubl e bl = -2*z1x*q;
doubl e b2 =

g*q;
doubl e reg0, regl, reg2;

unsi gned int streanofs;
regl = O;
reg2 = 0;

/* Main |oop */
for (streanofs = 0; streanofs < streansize; streanofs++)

reg0 = a0a2 * ((double)fronstreanistreanofs]
+ fronstreani streanofs+2])
+ al * fronstreanistreanofs+1]

- bl * regl

- b2 * reg2;
reg2 = regl;
regl = regQO;

int tenmp = rego;

/* Check clipping */
if (temp > 32767) {
tenp = 32767;
} elseif (tenp < -32768) tenp = -32768;

/* Store new val ue */
tostreani streanofs] = tenp;



One pole LP and HP (click this to go back to the index)

References : Posted by Bram

Code :

LP:

recursion: tnp = (1-p)*in + p*tnp with output = tnp

coeffici ent p = (2- cos(x)) - sgrt((2- cos(x))"2 - 1) with x = 2*pi *cutof f/sanpl erate
coefici ent approxi mation: = (1 - 2*cutoff/sanplerate)”2

HP:

recursion: tnp (p-1)*in - p*tnp with output = tnp

coefficient: p (2+cos(x)) - sgrt((2+cos(x))”2 - 1) with x = 2*pi*cutoff/sanplerate
coeficient approximation: p = (2*cutoff/sanplerate)”2



One pole, one zero LP/HP (click this to go back to the index)

References : Posted by mistert[AT]inwind[DOT]it

Code :
voi d SetLPF(float fCut, float fSanpling)
{
float w= 2.0 * fSanpling;
float Norm
fCut *= 2.0F * PI;
Norm= 1.0/ (fCut + w);
bl = (w- fCut) * Norm
a0 = al = fCut * Norm
}
void SetHPF(float fCut, float fSanpling)
{
float w= 2.0 * fSanpling;
float Norm
fCut *= 2.0F * PI;
Norm= 1.0 / (fCut + w);
a0 = w* Norm
al = -a0;
bl = (w- fCut) * Norm
}
Wher e

out [ n] in[n]*a0 + in[n-1]*al + out[n-1]*bl,;



One zero, LP/HP (click this to go back to the index)

References : Posted by Bram

Z

otes :
LP is only 'valid' for cutoffs > samplerate/4
HP is only 'valid' for cutoffs < samplerate/4

Code :
heta = cutoff*2*pi / sanplerate

—

LP:

H(z) = (1+p*z~(-1)) / (1+p) o

out[i] = 1/(1+p) * in[i] + p/(1+p) * in[i-1];

p = (1-2*cos(theta)) - sqgrt((1l-2*cos(theta))”2 - 1)
Pi/2 < theta < Pi

HP:

H(z) = (1-p*z~(-1)) / (1+p) o

out[i] = 1/(1+p) * in[i] - p/(1+p) * in[i-1];

p = (1+2*cos(theta)) - sqgrt((1+2*cos(theta))”2 - 1)
0 <theta < Pi/2

Comments

from : newbie attack
comment : What is the implementation of z*(-1)?



Peak/Notch filter (click this to go back to the index)

Type : peak/notch
References : Posted by tobybear[AT]web[DOT]de

Notes :

/I Peak/Notch filter

/I'l don't know anymore where this came from, just found it on
/I my hard drive :-)

/I Seems to be a peak/notch filter with adjustable slope

/I steepness, though slope gets rather wide the lower the

I frequency is.

/[ "cut" and "steep” range is from 0..1

/I Try to feed it with white noise, then the peak output does
I rather well eliminate all other frequencies except the given
I frequency in higher frequency ranges.

Code :
var f,r:single;
out p, out pl, outp2:single; // init these with 0!
const p4=1.0e-24; // Pentium 4 denornmal problemelimnation

function PeakNotch(inp, cut, steep: single;ftype:integer):single;
begi n
r: =steep*0. 99609375;
f:=cos(pi*cut);
a0: =(1-r)*sqrt(r*(r-4*(f*f)+2)+1);
bl: =2*f*r;
b2:=-(r*r);
out p: =a0*i np+b1* out p1+b2* out p2+p4;
out p2: =out p1;
out pl: =out p;
if ftype=0 then
result: =outp //peak
el se
result:=inp-outp; //notch
end;



Phase equalization (click this to go back to the index)

Type : Allpass

References : Posted by Uli the Grasso

Notes :
The idea is simple: One can equalize the phase response of a system, for example of a loudspeaker, by approximating its phase response by an FIR
filter and then turn around the coefficients of the filter. At http://grassomusic.de/english/phaseeq.htm you find more info and an Octave script.

Comments

from : piem

comment : hi.
i couldn't find any script there...
cheers, piem



Pink noise filter (click this to go back to the index)

References : Posted by Paul Kellett
Linked file : pink.txt (this linked file is included below)

Notes :
(see linked file)

Li nked files
Filter to nake pink noise fromwhite (updated March 2000)

This is an approximation to a -10dB/ decade filter using a wei ghted sum
of first order filters. It is accurate to within +/-0.05dB above 9. 2Hz
(44100Hz sanpling rate). Unity gain is at Nyquist, but can be adjusted
by scaling the nunbers at the end of each I|ine.

If "white' consists of uniformrandom nunbers, such as those generated
by the rand() function, 'pink' will have an al nost gaussian | evel
di stribution.

b0 = 0.99886 * b0 + white * 0.0555179;
bl = 0.99332 * bl + white * 0.0750759;
b2 = 0.96900 * b2 + white * 0.1538520;
b3 = 0.86650 * b3 + white * 0.3104856;
b4 = 0.55000 * b4 + white * 0.5329522;
b5 = -0.7616 * b5 - white * 0.0168980;
pink = b0 + bl + b2 + b3 + b4 + b5 + b6 + white * 0.5362;

b6 = white * 0.115926;

An 'econony' version with accuracy of +/-0.5dB is also avail abl e.

b0 = 0.99765 * b0 + white * 0.0990460;
bl = 0.96300 * bl + white * 0.2965164;
b2 = 0.57000 * b2 + white * 1.0526913;
pink = b0 + bl + b2 + white * 0.1848;

paul . kel | ett @maxi m abel . co. uk
http://ww:. abel . co. uk/ ~maxi m


http://www.musicdsp.org/files/pink.txt

Polyphase Filters (click this to go back to the index)

Type : polyphase filters, used for up and down-sampling

References : C++ source code by Dave from Muon Software

Linked file : BandLimit.cpp (this linked file is included below)

Linked file : BandLimit.h (this linked file is included below)

Linked files

CAl | PassFilter:: CAl | PassFilter(const double coefficient)
a=coefficient;

x0=0.

x1=0.
x2=0.

y0=0.
y1=0.
y2=0.

}s

coo o900

CAl | PassFilter::~CAl | PassFilter()
{

s

doubl e CAl Il PassFilter::process(const doubl e input)
{

/'l shuffle inputs

X2=x1;

X1=x0;

x0=i nput ;

//shuffle outputs

y2=yl;

y1l=yO0;

/lallpass filter 1
const doubl e out put =x2+( (i nput-y2)*a);

y0=out put ;
return output;
b
CAl | PassFi |l t er Cascade: : CAl | PassFi | t er Cascade(const doubl e* coefficient, const int N)
al | passfilter=new CAll PassFilter*[N;
for (int i=0;i<Ni++)
al | passfilter[i]=new CAl| PassFilter(coefficient[i]);
nunfilters=N,
i
CAl | PassFi |l t er Cascade: : ~CAl | PassFi | t er Cascade()
delete[] allpassfilter;
b
doubl e CAl | PassFilterCascade: : process(const doubl e input)
doubl e out put =i nput;
int i=0;
do

out put =al | passfilter[i]->process(output);
i ++;


http://www.musicdsp.org/files/BandLimit.cpp
http://www.musicdsp.org/files/BandLimit.h

} while (i<nunfilters);

return output;

b

CHal f BandFi Il ter:: CHal fBandFil ter(const int order, const bool steep)
if (steep==true)

{

if (order==12) //rejection=104dB, transition band=0.01

doubl e a_coefficients[6]=
{0.036681502163648017

. 2746317593794541

. 56109896978791948

. 769741833862266

. 8922608180038789

. 962094548378084

[eleololoNe]

uble b_coefficients[6]=
. 13654762463195771
.42313861743656667

. 6775400499741616

. 839889624849638

. 9315419599631839
.9878163707328971

el o T R R

TOO0OO0O0OO00OO0

— -

filter_a=new CAl | PassFilterCascade(a_coefficients,6);
filter_b=new CAl | PassFilterCascade(b_coefficients,6);

}
else if (order==10) //rejection=86dB, transition band=0.01

doubl e a_coefficients[5]=
{0.051457617441190984

, 0.35978656070567017

, 0. 6725475931034693

, 0. 8590884928249939

, 0. 9540209867860787

b

doubl e b_coefficients[5]=
{0.18621906251989334

, 0.529951372847964

, 0.7810257527489514

, 0.9141815687605308

, 0.985475023014907

b

filter_a=new CAl | PassFil terCascade(a_coefficients,5);
filter_b=new CAl | PassFilterCascade(b_coefficients,5);

}
else if (order==8) //rejection=69dB, transition band=0.01

doubl e a_coefficients[4]=
{0.07711507983241622

, 0.4820706250610472

, 0.7968204713315797

, 0.9412514277740471

b

doubl e b_coefficients[4]=
{0. 2659685265210946
, 0.6651041532634957
, 0.8841015085506159
, 0.9820054141886075

b

filter_a=new CAl | PassFilterCascade(a_coefficients,4);
filter_b=new CAl | PassFilterCascade(b_coefficients,4);
}

else if (order==6) //rejection=51dB, transition band=0.01

doubl e a_coefficients[3]=
{0.1271414136264853
, 0. 6528245886369117
, 0.9176942834328115

b

doubl e b_coefficients[3]=
{0.40056789819445626



,0.8204163891923343
,0.9763114515836773

}s

filter_a=new CAl | PassFilterCascade(a_coefficients,3);
filter_b=new CAl | PassFilterCascade(b_coefficients, 3);
}

else if (order==4) //rejection=53dB, transition band=0.05

doubl e a_coefficients[2]=
{0.12073211751675449
, 0.6632020224193995

b

doubl e b_coefficients[2]=
{0.3903621872345006

, 0.890786832653497

}s

filter_a=new CAl | PassFil terCascade(a_coefficients,2);
filter_b=new CAl | PassFilterCascade(b_coefficients,2);
}
el se//order=2, rejection=36dB, transition band=0.1
{

doubl e a_coefficients=0.23647102099689224;
doubl e b_coefficients=0.7145421497126001

filter_a=new CAl | PassFilterCascade(&a_coefficients,1);
filter_b=new CAl | PassFilterCascade(&b_coefficients,1);
}

el se//softer slopes, nore attenuation and | ess stopband ripple
if (order==12) //rejection=150dB, transition band=0.05

doubl e a_coefficients[6]=
{0.01677466677723562

. 13902148819717805

. 3325011117394731
.53766105314488

. 7214184024215805

. 8821858402078155

[elololoNe]

uble b_coefficients[6]=
. 06501319274445962
.23094129990840923
. 4364942348420355
. 06329609551399348
. 80378086794111226
. 9599687404800694

TOO0O0O0O000

e R T o

filter_a=new CAl | PassFilterCascade(a_coefficients,6);
filter_b=new CAl | PassFilterCascade(b_coefficients,6);
}

else if (order==10) //rejection=133dB, transition band=0.05

doubl e a_coefficients[5]=
{0.02366831419883467

, 0.18989476227180174
,0.43157318062118555

, 0.6632020224193995

, 0.860015542499582

s

doubl e b_coefficients[5]=
{0.09056555904993387

, 0.3078575723749043

, 0.5516782402507934

, 0.7652146863779808

, 0.95247728378667541

b

filter_a=new CAl | PassFilterCascade(a_coefficients,5);
filter_b=new CAl | PassFilterCascade(b_coefficients,5);
}

else if (order==8) //rejection=106dB, transition band=0.05
doubl e a_coefficients[4]=

{0.03583278843106211
, 0. 2720401433964576



, 0.5720571972357003
, 0.827124761997324

b

doubl e b_coefficients[4]=
{0.1340901419430669
, 0.4243248712718685
, 0.7062921421386394
, 0.9415030941737551

b

filter_a=new CAl | PassFilterCascade(a_coefficients,4);
filter_b=new CAl | PassFilterCascade(b_coefficients,4);
}

else if (order==6) //rejecti on=80dB, transition band=0.05

doubl e a_coefficients[3]=
{0.06029739095712437

, 0.4125907203610563

, 0. 7727156537429234

b

doubl e b_coefficients[3]=
{0.21597144456092948

, 0.6043586264658363

, 0.9238861386532906

b

filter_a=new CAl | PassFilterCascade(a_coefficients, 3);
filter_b=new CAl | PassFilterCascade(b_coefficients, 3);

else if (order==4) //rejection=70dB, transition band=0.1
doubl e a_coefficients[2]=

{0.07986642623635751
, 0.5453536510711322

b
doubl e b_coefficients[2] =

{0.28382934487410993
, 0.8344118914807379

}s
filter_a=new CAl | PassFilterCascade(a_coefficients,2);
filter_b=new CAl | PassFilterCascade(b_coefficients,2);
}

el se//order=2, rejection=36dB, transition band=0.1

{
doubl e a_coefficients=0.23647102099689224;
doubl e b_coefficients=0.7145421497126001

filter_a=new CAl | PassFilterCascade(&a_coefficients, 1);
filter_b=new CAl | PassFilterCascade(&b_coefficients,1);
}
}

ol dout=0.0

1

CHal f BandFi | ter:: ~CHal f BandFi | ter ()

delete filter_a;

delete filter_b;

s

doubl e CHal f BandFilter:: process(const double input)

const doubl e output=(filter_a->process(input)+ol dout)*0.5;
ol dout =fil ter_b->process(input);

return output;

class CAl | PassFilter

éublic:

CAl | PassFil ter(const double coefficient);

~CAl | PassFilter();
doubl e process(doubl e input);



private:
doubl e a;

doubl e xO;
doubl e x1;
doubl e x2;

doubl e yO;
doubl e y1;
doubl e y2;

}s

cl ass CAl | PassFilterCascade

{

public:

CAl | PassFi |l t er Cascade(const doubl e* coefficients, int N);
~CAl | PassFi | ter Cascade();

doubl e process(doubl e input);

private:

CAl'l PassFilter** allpassfilter;
int nunfilters;

b
cl ass CHal f BandFi |l ter

{

public:

CHal f BandFi | ter(const int order, const bool steep);
~CHal f BandFi |l ter();

doubl e process(const doubl e input);

private:

CAl'l PassFil terCascade* filter_a;
CAl | PassFi |t er Cascade* filter_b;
doubl e ol dout;

}s



Prewarping (click this to go back to the index)

Type : explanation
References : Posted by robert bristow-johnson (better known as "rbj" )

Notes :

prewarping is simply recognizing the warping that the BLT introduces.
to determine frequency response, we evaluate the digital H(z) at
z=exp(j*w*T) and we evaluate the analog Ha(s) at s=j*W . the following
will confirm the jw to unit circle mapping and will show exactly what the
mapping is (this is the same stuff in the textbooks):

the BLT says: s = (2/T) * (z-1)/(z+1)

substituting: s = j*W = (2/T) * (exp(*w*T) - 1) / (exp(j*w*T) + 1)

W = (2/IT) * (exp(*w*T/2) - exp(-j*W*T/2)) | (exp(j*w*T/2) + exp(-j*w*T/2))
= (2/T) * (j*2*sin(w*T/2)) / (2*cos(W*T/2))

=j* (2/T) * tan(w*T/2)

or

analog W = (2/T) * tan(w*T/2)

so when the real input frequency is w, the digital filter will behave with

the same amplitude gain and phase shift as the analog filter will have at a
hypothetical frequency of W. as w*T approaches pi (Nyquist) the digital
filter behaves as the analog filter does as W -> inf. for each degree of
freedom that you have in your design equations, you can adjust the analog
design frequency to be just right so that when the deterministic BLT
warping does its thing, the resultant warped frequency comes out just
right. for a simple LPF, you have only one degree of freedom, the cutoff
frequency. you can precompensate it so that the true cutoff comes out
right but that is it, above the cutoff, you will see that the LPF dives

down to -inf dB faster than an equivalent analog at the same frequencies.



RBJ-Audio-EQ-Cookbook (click this to go back to the index)

Type : Biquads for all puposes!

References : Robert Bristow-Johnson (a.k.a. RBJ)

Linked file : http://www.harmony-central.com/Computer/Programming/Audio-EQ-Cookbook.txt
Linked file : http://www.harmony-central.com/Effects/Articles/EQ_Coefficients/EQ-Coefficients.pdf

Notes :

(see linkfile)

A superb collection of filters used in a lot of (commercial) plugins and effects.
There's also a very interesting paper linked about biquad EQ filters.



http://www.harmony-central.com/Computer/Programming/Audio-EQ-Cookbook.txt
http://www.harmony-central.com/Effects/Articles/EQ_Coefficients/EQ-Coefficients.pdf

Resonant filter (click this to go back to the index)

References : Posted by Paul Kellett

Notes :

This filter consists of two first order low-pass filters in
series, with some of the difference between the two filter
outputs fed back to give a resonant peak.

You can use more filter stages for a steeper cutoff but the
stability criteria get more complicated if the extra stages
are within the feedback loop.

Code :
//set feedback anpunt given f and q between 0 and 1
fb=q+qg/(1.0 - f);

//for each sanple...

bufO0 = bufO + f * (in - bufO + fb * (bufO - bufl));
buf 1 bufl + f * (bufO - bufl);

out = buf1;



Resonant IIR lowpass (12dB/oct) (click this to go back to the index)

Type : Resonant IIR lowpass (12dB/oct)
References : Posted by Olli Niemitalo

Notes :
Hard to calculate coefficients, easy to process algorithm

Code :
resof req = pol e frequency
anp = magni tude at pol e frequency (approx)

doubl e pi = 3.141592654;

/* Paraneters. Change these! */
doubl e resofreq = 5000;

doubl e amp = 1.0;

DOUBLEWORD st r eanof s;

doubl e w = 2. 0*pi *resofreqg/ sanpl erate; // Pole angle

double q = 1. 0-w (2. 0*(anp+0.5/(1.0+w))+w2.0); // Pol e nmagnitude
double r = g*q;

double ¢ = r+1.0-2.0*cos(w) *q;

doubl e vi brapos = 0;
doubl e vi braspeed = 0;

/* Main |oop */
for (streanofs = 0; streanofs < streansize; streanofs++) {

/* Accelerate vibra by signal-vibra, multiplied by | owpasscutoff */
Vi braspeed += (fronstreanstreanofs] - vibrapos) * c;

/* Add velocity to vibra's position */
vi brapos += vi braspeed,;

/* Attenuate/anplify vibra' s velocity by resonance */
Vi braspeed *= r;

/* Check clipping */
tenp = vi brapos;
if (temp > 32767) {
temp = 32767;
} elseif (tenp < -32768) tenp = -32768;

/* Store new val ue */
tostreanf streannfs] = tenp;

}
Comments
from : raucous@attbi.com
comment : This looks similar to the low-pass filter | used in FilterKing (http://home.atthi.com/~spaztek4/) Can you cruft up a high-pass

example for me?

Thanks,
e



Resonant low pass filter (click this to go back to the index)

Type : 24dB lowpass
References : Posted by "Zxform"

Linked file : filters004.txt (this linked file is included below)

Li nked files

I file filterll RO0O.c begin -----------------
/*

Resonant | ow pass filter source code

By bal trax@otnmail.com (Zxform

*/

#i ncl ude <stdlib. h>
#i ncl ude <stdio. h>
#i ncl ude <mmath. h>

/**************************************************************************

FILTER C - Source code for filter functions

iir_filter IR filter floats sanple by sanple (real tine)

*************************************************************************/

/* FILTER | NFORVATI ON STRUCTURE FOR FI LTER ROUTI NES */

typedef struct {
unsi gned int |ength; [* size of filter */
float *history; /* pointer to history in filter */
float *coef; /* pointer to coefficients of filter */
} FILTER

#define FI LTER _SECTI ONS 2 /* 2 filter sections for 24 db/oct filter */
t ypedef struct {

doubl e a0, al, a2; /* nunerator coefficients */
doubl e b0, bl, b2; /* denom nator coefficients */

} Bl QUAD;
Bl QUAD Pr ot oCoef [ FI LTER_SECTI ONS] ; /* Filter prototype coefficients,
1 for each filter section
*/
voi d szxforn
doubl e *a0, double *al, double *a2, /* nunerator coefficients */
doubl e *b0, double *bl, double *b2, /* denom nator coefficients */
doubl e fc, /* Filter cutoff frequency */
doubl e fs, /* sanpling rate */
doubl e *k, /* overall gain factor */
float *coef); /* pointer to 4 iir coefficients */

iir_filter - PerformIIR filtering sanple by sanple on floats

| npl enents cascaded direct forml|l second order sections.

Requires FILTER structure for history and coefficients.

The length in the filter structure specifies the nunber of sections
The size of the history array is 2*iir->length.

The size of the coefficient array is 4*iir->length + 1 because

the first coefficient is the overall scale factor for the filter.
Returns one output sanple for each input sanple. Allocates history
array if not previously allocated

float iir_filter(float input,FILTER *iir)

float input new float input sanple
FILTER *iir pointer to FILTER structure

Returns float value giving the current output.

* % 3k 3k 3k 3k 3 3k 3k 3k 3k 3k 3k 3k 3k 3k %k 3k %k k% *

Al'l ocation errors cause an error nessage and a call to exit.

*

*/
float iir_filter(input,iir)
float input; /* new input sanple */
FILTER *iir; /* pointer to FILTER structure */


http://www.musicdsp.org/files/filters004.txt

unsigned int i;
float *histl_ptr,*hist2_ptr,*coef_ptr;
float output, new hist, historyl, history2;
/* allocate history array if different size than |last call

if(liir->history) {

*/

iir->history = (float *) calloc(2*iir->length, sizeof(float));

if(liir->history)

printf("\nUnable to allocate history array iniir_filter\n");

exit(1);
}
}
coef _ptr = iir->coef; /* coefficient pointer */
histl_ptr = iir->history; /* first history */
hist2_ptr = histl_ptr + 1, /* next history */
/* 1st nunber of coefficients array is overall input scale factor,
* or filter gain */
output = input * (*coef_ptr++);
for (i =0 ; i <iir->length; i++)
{
historyl = *histl ptr; /* history val ues */
hi story2 = *hist2_ptr;
output = output - historyl * (*coef _ptr++);
new_hi st = output - history2 * (*coef_ptr++); /* poles */
out put = new_hist + historyl * (*coef_ptr++);
output = output + history2 * (*coef_ptr++); /* zeros */
*hist2 ptr++ = *histl ptr;
*histl ptr++ = new_hist;
hist1l_ptr++;
hi st 2_ptr ++;
}
return(output);
}
/*
K e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e
*
* main()
*
* Exanpl e main function to show how to update filter coefficients.
* W create a 4th order filter (24 db/oct roloff), consisting
* of two second order sections.
K e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e .
*/
int main()
{
FILTER iir;
f | oat *coef;
doubl e fs, fc; /* Sanpling frequency, cutoff frequency */
doubl e Q /* Resonance > 1.0 < 1000 */
unsi gned nl nd;
doubl e a0, al, a2, b0, bl, b2Z;
doubl e k; /* overall gain factor */
/*
* Setup filter s-domain coefficients
*/
/* Section 1 */
Prot oCoef[0].a0 = 1.0;
Prot oCoef[0].al = O;
Prot oCoef[0].a2 = O;
Pr ot oCoef[0].b0 = 1.0;
Prot oCoef[0]. bl = 0. 765367;
Prot oCoef[0].b2 = 1.0;

/* Section 2 */

Prot oCoef[1].a0 = 1.0;

Prot oCoef[1].al = O;

Prot oCoef[1].a2 = 0;

Prot oCoef[1].b0 = 1.0;

Prot oCoef[1].bl = 1.847759;
Prot oCoef[1].b2 = 1.0;



/*
*
*

*/

/*

*

*/

*/

iir.length = FILTER_SECTI ONS; /* Nunmber of filter sections */
Al'l ocate array of z-donmain coefficients for each filter section
plus filter gain variable

iir.coef = (float *) calloc(4 * iir.length + 1, sizeof(float));
if (liir.coef)

{
printf("Unable to allocate coef array, exiting\n");
exit(1l);

}

k = 1.0; /* Set overall filter gain */

coef =iir.coef + 1; /* Skip k, or gain */

Q=1; /* Resonance */

fc = 5000; /* Filter cutoff (Hz) */

fs = 44100; /* Sanpling frequency (Hz) */

Conmput e z-donmai n coefficients for each biquad section
for new Cutoff Frequency and Resonance

for (nlnd = 0; nind < iir.length; nlnd++)
{
a0 = ProtoCoef[nlnd].a0;
al = ProtoCoef[nlnd].al;
a2 = ProtoCoef[nlnd].a2;
b0 = Prot oCoef[nlnd]. boO;
bl = ProtoCoef[nind].bl / Q /* Divide by resonance or Q

b2 = ProtoCoef[nlnd].b2;
szxform &0, &al, &a2, &b0O, &bl, &2, fc, fs, &k, coef);
coef += 4; /* Point to next filter

section */

/*
*
*

*/

}

/* Update overall filter gain in coef array */
iir.coef[0] = k;

/* Display filter coefficients */
for (nilnd = 0; nind < (iir.length * 4 + 1); nlnd++)
printf("C%l] = 9%5.10f\n", nind, iir.coef[nind]);

To process audio sanples, call function iir_filter()
for each audio sanple

return (0);

Reposting bilinear.c just in case the other one was not the | atest version.

~

L R R I I R N I I . N )

AN

----------------- file bilinear.c begin -----------------

bilinear.c

Perform bilinear transformation on s-domain coefficients

of 2nd order biquad section.

First design an analog filter and use s-donain coefficients
as input to szxform') to convert themto z-donain.

Here's the butterworth polinonmials for 2nd, 4th and 6th order sections.
When we construct a 24 db/oct filter, we take to 2nd order
sections and conpute the coefficients separately for each section.

n Pol i nom al s

2 SA2 + 1.4142s +1
4 (s"2 + 0.765367s + 1) (s"2 + 1.847759s + 1)
6 (s"2 + 0.5176387s + 1) (s"2 + 1.414214 + 1) (s”2 + 1.931852s +

Where nis a filter order.



* For n=4, or two second order sections, we have follow ng equasi ons for
each
* 2nd order stage:

*

(17 (s"2 + (1/Q * 0.765367s + 1)) * (1 / (s"2 + (1/Q * 1.847759s +

~

VWhere Qis filter quality factor in the range of

1 to 1000. The overall filter Qis a product of all
2nd order stages. For exanple, the 6th order filter
(3 stages, or bhiquads) with individual Qof 2 wll
have filter Q=2 * 2 * 2 = 8.

The nomi nator part is just 1.

The denomi nator coefficients for stage 1 of filter are:
b2 = 1; bl = 0.765367; b0 = 1,

numerator is

a2 = 0; al = 0; a0 = 1;

The denom nator coefficients for stage 1 of filter are:
b2 = 1; bl = 1.847759; b0 = 1;

nunerator is

a2 = 0; al = 0; a0 = 1;

These coefficients are used directly by the szxform)
and bilinear() functions. For all stages the numerator
is the sane and the only thing that is different between
different stages is 1st order coefficient. The rest of
coefficients are the sane for any stage and equal to 1.

Any filter could be constructed using this approach.

Ref er ences:
Van Val kenburg, "Analog Filter Design"
Oxford University Press 1982
I SBN 0- 19-510734-9

C Language Al gorithns for Digital Signal Processing
Paul Embree, Bruce Kinble

Prentice Hall, 1991

| SBN 0- 13- 133406-9

Digital Filter Designer's Handbook
Wth C++ Al gorithns

Britton Rorabaugh

MG aw HiIl, 1997

| SBN 0- 07-053806-9

P B B R R I I R DR R I I R I R I I I I I N e

#i ncl ude <nmat h. h>

voi d prewarp(doubl e *a0, double *al, double *a2, double fc, double fs);
voi d bilinear(

doubl e a0, double al, double a2, /* numerator coefficients */
doubl e b0, double bl, double b2, /* denom nator coefficients */
doubl e *Kk, /* overall gain factor */
doubl e fs, /[* sanpling rate */
float *coef); /* pointer to 4 iir coefficients */

/*

K e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e .

* Pre-warp the coefficients of a nunmerator or denom nator.

* Note that a0 is assumed to be 1, so there is no w apping

* of it.

R

*/

voi d prewar p(
doubl e *a0, double *al, double *a2,
doubl e fc, double fs)

{
doubl e wp, pi;
pi = 4.0 * atan(1.0);
wp =2.0* fs * tan(pi * fc / fs);
*a2 = (*a2) /I (wp * wp);
*al = (*al) / wp;
}

/*



bilinear()

Transform the nunerator and denom nator coefficients
of s-domai n biquad section into corresponding
z-domai n coefficients.

Store the 4 IR coefficients in array pointed by coef
in follow ng order:

betal, beta2 (denomi nat or)

al phal, al pha2 (nunerator)

Argunent s:
a0-a2 - s-domai n nunerator coefficients
b0- b2 - s-dommi n denom nator coefficients
k - filter gain factor. initially set to 1

and nodi fied by each biquad section in such
a way, as to nake it the coefficient by
which to nultiply the overall filter gain
in order to achieve a desired overall filter

gai n,
specified in initial value of k.
fs - sanpling rate (Hz)
coef - array of z-domain coefficients to be filled in.

Ret ur n:

k% ok 2 2k X Q) ko k E F o o ok O o Ok Ok Ok 2k 2k 3k

On return, set coef z-domain coefficients

*/
voi d bilinear(

*

doubl e a0, double al, double a2, /* nunerator coefficients */
/* denom nator coefficients */

doubl e b0, double bl, double b2
doubl e *k, /* overall gain factor */

doubl e fs, /* sanpling rate */

float *coef /* pointer to 4 iir coefficients */

doubl e ad, bd;

/* al pha (Nunerator in s-domain) */
4. * a2 * fs * fs + 2. * al * fs + a0;

/* beta (Denomi nator in s-domain) */
4. * b2 * fs * fs + 2. * bl* fs + bO;

ad

bd

/* update gain constant for this section */
*k *= ad/ bd;

/* Denom nator */
(2. * b0 - 8. * b2 * fs * fs)
/ bd; /* betal */
(4. * b2 * fs * fs - 2. * bl * fs + b0)
/ bd; /* beta2 */

*coef ++

*coef ++

/* Nom nator */
(2. * a0 - 8 * a2 * fs * fg)
/ ad; [ * al phal */
*coef = (4. * a2 * fs * fs - 2. * al * fs + a0)
/ ad; [* al pha2 */

*coef ++

Transformfroms to z donain using bilinear transform
with prewarp.

Argunent s:
For argunent description |ook at bilinear()

coef - pointer to array of floating point coefficients,

(z dormain).

* % Ok X X X X X X X X X F

Note: frequencies are in Hz.

*

voi d szxforn

doubl e *a0, double *al, double *a2, /* nunerator coefficients */
doubl e *b0, double *bl, double *b2, /* denom nator coefficients */

doubl e fc, /* Filter cutoff frequency */
doubl e fs, /[* sanpling rate */
doubl e *Kk, /* overall gain factor */

float *coef) /* pointer to 4 iir coefficients */

correspondi ng to output of bilinear transofrm



/* Calculate al and a2 and overwite the original values */
prewarp(a0, al, a2, fc, fs);
prewar p(b0, bl, b2, fc, fs);
bili near(*a0, *al, *a2, *b0, *bl, *b2, k, fs, coef);

N R R file bilinear.c end -----------------
And here is howit all works

e R R file filter.txt begin -----------------
How to construct a kew |ow pass resonant filter?

Lets assume we want to create a filter for anal og synth.

The filter rolloff is 24 db/oct, which corresponds to 4th

order filter. Filter of first order is equivalent to RCcircuit
and has max rolloff of 6 db/oct.

We will use classical Butterworth IIRfilter design, as it
exactly corresponds to our requirenents.

A conmon practice is to chain several 2nd order sections,

or biquads, as they commpnly called, in order to achive a higher
order filter. Each 2nd order section is a 2nd order filter, which
has 12 db/oct roloff. So, we need 2 of those sections in series.

To conpute those sections, we use standard Butterworth polinom als,
or so called s-domain representation and convert it into z-donain,
or digital domain. The reason we need to do this is because

the filter theory exists for analog filters for a long tine

and there exist no theory of working in digital domain directly.

So the comon practice is to take standard analog filter design
and use so called bilinear transformto convert the butterworth
equasi on coefficients into z-domain.

Once we conpute the z-domain coefficients, we can use themin
a very sinple transfer function, such as iir_filter() in our
C source code, in order to performthe filtering function.
The filter itself is the sinpliest thing in the world

The nost conplicated thing is computing the coefficients

for z-domain.

X, lets |ook at butterworth polynom als, arranged as a series
of 2nd order sections:

* Note: nis filter order

*

* n Pol ynomi al s

K o o o o e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e e = -

* 2 sNh2 + 1.4142s +1

* 4 (s"2 + 0.765367s + 1) * (s"2 + 1.847759s + 1)

* 6 (s”2 + 0.5176387s + 1) * (s"2 + 1.414214 + 1) * (s™2 +
1.931852s + 1)

*

* For n=4 we have follow ng equasion for the filter transfer function

*

* 1 1

B T(S) = mmmmmm e meei oo L2

* sh2 + (1/Q * 0.765367s + 1 s"2 + (1/Q * 1.847759s + 1

*

The filter consists of two 2nd order secions since highest s power is 2.
Now we can take the coefficients, or the nunbers by which s is nultiplied
and plug theminto a standard fornmula to be used by bilinear transform
Qur standard formfor each 2nd order secion is:

a2 * s"2 +al * s + a0

b2 * s"2 + bl * s + b0

Note that butterworth nomnator is 1 for all filter sections,
which nmeans s*"2 = 0 and s*"1 =0

Lets convert standard butterworth polinomals into this form

1+ ((1/Q * 0.765367) + 1 1 + ((1/Q * 1.847759) + 1

Section 1:



a2 = 0; al = 0; a0 = 1;

b2 = 1; bl = 0.5176387; b0 = 1;
Section 2:

a2 = 0; al = 0; a0 = 1;

b2 = 1; bl = 1.847759; b0 = 1;

That Qis filter quality factor or resonance, in the range of

1 to 1000. The overall filter Qis a product of all 2nd order stages.
For exanple, the 6th order filter (3 stages, or biquads)

with individual Qof 2 will have filter Q=2 * 2 * 2 = 8.

These a and b coefficients are used directly by the szxform)
and bilinear() functions.

The transfer function for z-domain is:
1 + alphal * z~(-1) + alpha2 * z~(-2)
1 + betal * z~(-1) + beta2 * z~(-2)

When you need to change the filter frequency cutoff or resonance,
or Q you call the szxform() function with proper a and b
coefficients and the new filter cutoff frequency or resonance.

You al so need to supply the sanpling rate and filter gain you want
to achive. For our purposes the gain = 1.

We call szxform() function 2 tinmes becase we have 2 filter sections.
Each call provides different coefficients.

The gain argument to szxfornm() is a pointer to desired filter
gai n vari abl e.

double k = 1.0; /* overall gain factor */

Upon return fromeach call, the k argument will be set to a val ue,
by which to multiply our actual signal in order for the gain

to be one. On second call to szxform() we provide k that was
changed by the previous section. During actual audio filtering
function iir_filter() will use this k

Summary:

Qur filter is pretty close to ideal in terns of all relevant
paranmeters and filter stability even with extremely | arge val ues
of resonance. This filter design has been verified under all
variations of paraneters and it all appears to work as advertized.

Good luck with it.
If you ever nmake a directX wapper for it, post it to conp.dsp.

*Ref erences:

*Van Val kenburg, "Analog Filter Design"
*Oxford University Press 1982

*| SBN 0- 19-510734-9

*

*C Language Al gorithms for Digital Signal Processing
*Paul Enbree, Bruce Kinble

*Prentice Hall, 1991

*| SBN 0- 13- 133406-9

*

*Digital Filter Designer's Handbook
*Wth C++ Al gorithns

*Britton Rorabaugh

*McGaw Hi |1, 1997

*| SBN 0- 07-053806-9



State variable (click this to go back to the index)

Type : 12db resonant low, high or bandpass

References : Effect Deisgn Part 1, Jon Dattorro, J. Audio Eng. Soc., Vol 45, No. 9, 1997 September

Notes :

Digital approximation of Chamberlin two-pole low pass. Easy to calculate coefficients, easy to process algorithm.
Code :

cutoff = cutoff freq in Hz

fs = sanpling frequency //(e.g. 44100Hz)

f 2 sin (pi * cutoff / fs) //[approximately]

q resonance/ bandwi dth [0 < g <= 1] nost res: g=1, less: g=0

|

ow = | owpass out put

i gh = hi ghpass out put
band = bandpass out put
notch = notch out put
scale = q

| ow=hi gh=band=0;

/' --begi nl oop

low = low + f * band;
high = scale * input - |low - g*band;
band = f * high + band;

notch = high + | ow,
/'l --endl oop



State Variable Filter (Chamberlin version) (click this to go back to the index)

References : Hal Chamberlin, "Musical Applications of Microprocessors," 2nd Ed, Hayden Book Company 1985. pp 490-492.

Code :

/11 nput/ Qut put

I - input sanple

L - | owpass output sanple

B - bandpass output sanple

H - hi ghpass out put sanple

N - notch output sanple

F1 - Frequency control paraneter

QL - Qcontrol paraneter

D1 del ay associated w th bandpass out put
D2 - delay associated with | ow pass out put
/] paraneters:

Q =1/Q
where QL goes from2 to O, ie Qgoes from.5 to infinity

-
-~

/1 sinple frequency tuning with error towards nyqui st

/1 Fis the filter's center frequency, and Fs is the sanpling rate
F1 = 2*pi *F/ Fs

/1 ideal tuning:
F1 =2 * sin( pi * F/ Fs)

/1 algorithm

/1 1oop

L=D2+ F1* D1
H=1 - L - Q*D1
B=F1L* H+ D1
N=H+L

/] store del ays
DL = B

D2 =L

/1 outputs

L,H BN



State Variable Filter (Double Sampled, Stable) (click this to go back to the index)

Type : 2 Pole Low, High, Band, Notch and Peaking
References : Posted by Andrew Simper
Notes :

Thanks to Laurent de Soras for the stability limit
and Steffan Diedrichsen for the correct notch output.

Code
input = input buffer;
out put = out put buffer;
fs = sanpl i ng frequency;
fc = cutoff frequency normally sonething |ike:
440. 0*powm 2.0, (mdi_note - 69.0)/12.0);
res = resonance 0 to 1;
drive = internal distortion O to 0.1
freq = 2.0*sin(PI*MN(O.25, fc/(fs*2))); [/ the fs*2 is because it's double sanpled
danp = MN(2.0*(1.0 - pomres, 0.25)), MN(2.0, 2.0/freq - freq*0.5));
notch = notch out put
| ow = | ow pass out put
hi gh = hi gh pass out put
band = band pass out put
peak = peaking output = low - high

doubl e sanpl ed svf | oop:
for (i=0; i<nunBanples; i++)

{
in = input[i];
notch = in - danp*band,
low = low + freg*band;
high = notch - |ow,
band = freqg*high + band - drive*band*band*band;
out = 0.5*(notch or low or high or band or peak);
notch = in - danp*band;
low = low + freg*band,
high = notch - |ow
band = freg*high + band - drive*band*band*band;

out += 0.5*(sanme out as above);
output[i] = out;



Stilson's Mood filter code (click this to go back to the index)

Type : 4-pole LP, with fruity BP/HP
References : Posted by DFL

Notes :
Mind your p's and Q's...

This code was borrowed from Tim Stilson, and rewritten by me into a pd extern (moog~) available here:
http://www-ccrma.stanford.edu/~dfl/pd/index.htm

| ripped out the essential code and pasted it here...

Code :
WARNI NG nessy code follows ;)

/1 table to fixup Qin order to remain constant for various pole frequencies, fromTim Stilson's code @ CCRVA
(also in CLMdistribution)

static float gaintable[199] = { 0.999969, 0.990082, 0.980347, 0.970764, 0.961304, 0.951996, 0.94281, 0.933777
0.924866, 0.916077, 0.90741, 0.898865, 0.89044

2, 0.882141 , 0.873962, 0.865906, 0.857941, 0.850067, 0.842346, 0.834686, 0.827148, 0.819733, 0.812378

0. 805145, 0.798004, 0.790955, 0.783997, 0.77713, 0.77

0355, 0.763672, 0.75708 , 0.75058, 0.744141, 0.737793, 0.731537, 0.725342, 0.719238, 0.713196, 0.707245

0. 701355, 0.695557, 0.689819, 0.684174, 0.678558, 0

673035, 0.667572, 0.66217, 0.65686, 0.651581, 0.646393, 0.641235, 0.636169, 0.631134, 0.62619, 0.621277
0.616425, 0.611633, 0.606903, 0.602234, 0.597626, O

593048, 0.588531, 0.584045, 0.579651, 0.575287 , 0.570953, 0.566681, 0.562469, 0.558289, 0.554169, 0.550079
0.546051, 0.542053, 0.538116, 0.53421, 0.530334

0. 52652, 0.522736, 0.518982, 0.515289, 0.511627, 0.507996 , 0.504425, 0.500885, 0.497375, 0.493896, 0.490448
0. 487061, 0.483704, 0.480377, 0.477081, 0.4738

16, 0.470581, 0.467377, 0.464203, 0.46109, 0.457977, 0.454926, 0.451874, 0.448883, 0.445892, 0.442932
0.440033, 0.437134, 0.434265, 0.431427, 0.428619, 0.42

5842, 0.423096, 0.42038, 0.417664, 0.415009, 0.412354, 0.409729, 0.407135, 0.404572, 0.402008, 0.399506
0.397003, 0.394501, 0.392059, 0.389618, 0.387207, O

384827, 0.382477, 0.380127, 0.377808, 0.375488, 0.37323, 0.370972, 0.368713, 0.366516, 0.364319, 0.362122

0. 359985, 0.357849, 0.355713, 0.353607, 0.351532,

0. 349457, 0.347412, 0.345398, 0.343384, 0.34137, 0.339417, 0.337463, 0.33551, 0.333588, 0.331665, 0.329773,
0.327911, 0.32605, 0.324188, 0.322357, 0.320557,

0.318756, 0.316986, 0.315216, 0.313446, 0.311707, 0.309998, 0.308289, 0.30658, 0.304901, 0.303223, 0.301575,
0.299927, 0.298309, 0.296692, 0.295074, 0.293488

0.291931, 0.290375, 0.288818, 0.287262, 0.285736, 0.284241, 0.282715, 0.28125, 0.279755, 0.27829, 0.276825,
. 275391, 0.273956, 0.272552, 0.271118, 0.26974
5, 0.268341, 0.266968, 0.265594, 0.264252, 0.262909, 0.261566, 0.260223, 0.258911, 0.257599, 0.256317,
0. 255035, 0.25375 };

o-

static inline float saturate( float input ) { //clanmp wi thout branching
#define _limt 0.95
float x1 fabsf( input + _limt );
float x2 fabsf( input - _limt );
return 0.5 * (x1 - x2);

}

static inline float crossfade( float amount, float a, float b ) {
return (1-anount)*a + anount*b;

}

//code for setting Q
float ix, ixfrac;
int ixint;
ixX = x->p * 99;
ixint = floor( ix);
ixfrac = ix - ixint;
Q = resonance * crossfade( ixfrac, gaintable[ ixint + 99 ], gaintable[ ixint + 100 ] );

//code for setting pole coefficient based on frequency

float fc = 2 * frequency / Xx->srate,;

float x2 fcxfc;

float x3 = fc*x2;

p = -0.69346 * x3 - 0.59515 * x2 + 3.2937 * fc - 1.0072; //cubic fit by DFL, not 100% accurate but better
than not hing. ..

}

process | oop:
float state[4], output; //should be gl obal scope / preserved between calls
int i,pole;
float tenp, input;

for ( i=0; i < nunmBanples; i++ ) {
input = *(in++);
output = 0.25 * ( input - output ); //negative feedback

for( pole = 0; pole < 4; pole++) {
temp = state[pol e];
output = saturate( output + p * (output - temp));
state[pol e] = output;
output = saturate( output + tenp );



| owpass = out put;
hi ghpass = input - output;

bandpass = 3 * x->state[2] - x->lowpass; //got this one from paul kellet
*out ++ = | owpass;

output *= @ //scale the feedback



Time domain convolution with O(n™og2(3)) (click this to go back to the index)

References : Wilfried Welti

Notes :

[Quoted from Wilfrieds mail...]

| found last weekend that it is possible to do convolution in time domain (no complex numbers, 100% exact result with int) with O(n*log2(3)) (about

O(n"1.58)).

Due to smaller overhead compared to FFT-based convolution, it should be the fastest algorithm for medium sized FIR's.
Though, it's slower as FFT-based convolution for large n.

It's pretty easy:

Let's say we have two finite signals of length 2n, which we want convolve : A and B. Now we split both signals into parts of size n, so we get A = A1 +
A2, and B = B1 +B2.

Now we can write:

(1) A*B = (A1+A2)*(B1+B2) = A1*B1 + A2*B1 + A1*B2 + A2*B2

where * means convolution.

This we knew already: We can split a convolution into four convolutions of halved size.

Things become interesting when we start shifting blocks in time:

Be z a signal which has the value 1 at x=1 and zero elsewhere. Convoluting a signal X with z is equivalent to shifting X by one rightwards. When |
define z*n as n-fold convolution of z with itself, like: z*\1 = z, z*2 = z*z, z"0 = z shifted leftwards by 1 = impulse at x=0, and so on, | can use it to shift

signals:

X *z"n means shifting the signal X by the value n rightwards.
X * z"-n means shifting the signal X by the value n leftwards.

Now we look at the following term:
(2) (A1 +A2*z"-n)*(B1+B2*z"n)

This is a convolution of two blocks of size n: We shift A2 by n leftwards so it completely overlaps A1, then we add them.
We do the same thing with B1 and B2. Then we convolute the two resulting blocks.

now let's transform this term:
(3) (A1 + A2*z7-n)*(B1+B2*z"n)

= A1*B1 + A1*B2*z"-n + A2*z"-n*B1 + A2*z" n*B2*z"-n
= A1*B1 + (A1*B2 + A2*B1)*z"-n + A2*B2*z"-2n

(4) (ALl +A2*z7-n) * (B1 + B2 * z-n) - A1*B1 - A2*B2*z-2n
= (A1*B2 + A2*B1)*z"-n
Now we convolute both sides of the equation (4) by z*n:
(5) (AL + A2 * zA-n)*(B1 + B2 * z*-n)*z"n - A1*B1*z"n - A2*B2*z"-n
= (A1*B2 + A2*B1)
Now we see that the right part of equation (5) appears within equation (1), so we can replace this appearance by the left part of eq (5).
(6) A*B = (A1+A2)*(B1+B2) = A1*B1 + A2*B1 + A1*B2 + A2*B2
= A1*Bl1
+ (Al + A2 * z7-n)*(B1 + B2 * zA-n)*z"n - A1*B1*z"\n - A2*B2*z"-n
+ A2*B2
Voila!

We have constructed the convolution of A*B with only three convolutions of halved size. (Since the convolutions with z*n and z*-n are only shifts
of blocks with size n, they of course need only n operations for processing :)

This can be used to construct an easy recursive algorithm of Order O(n*log2(3))

Code :
voi d convol ution(val ue* inl, value* in2, value* out, value* buffer, int size)

val ue* templ = buffer;
val ue* temp2 = buffer + sizel?2;
int i;

/1 clear output.
for (i=0; i<size*2; i++) out[i] = O;

/1 Break condition for recursion: 1x1 convolution is nultiplication.



if (size == 1)
out[0] = inl[0] * in2[0];
return;
/1 first calculate (Al + A2 * z*-n)*(Bl + B2 * z"-n)*z”"n
signal _add(inl, inl+size/2, tenpl, sizel2);
signal _add(in2, in2+sizel/2, tenp2, sizel2);
convol ution(tenpl, tenp2, out+sizel/2, buffer+size, sizel2);
/1 then add Al1*Bl and substract Al*Bl*z”n
convolution(inl, in2, tenpl, buffer+size, sizel2);
signal _add_to(out, tenpl, size);
si gnal _sub_from(out +si ze/ 2, tenpl, size);
/1 then add A2*B2 and substract A2*B2*z"-n
convol ution(inl+sizel/2, in2+sizel/2, tenpl, buffer+size, sizel2);
signal _add_t o(out +si ze, tenpl, size);
si gnal _sub_from(out +si ze/ 2, tenpl, size);

}

"value" may be a suitable type like int or float.

Parameter "size" is the size of the input signals and nust be a power of 2. out and buffer nust point to
arrays of size 2*n.

Just to be conplete, the hel per functions:

voi d signal _add(val ue* inl, value* in2, value* out, int size)

int i;
for (i=0; i<size; i++) out[i] = inl[i] + in2[i];
}
voi d signal _sub_from(val ue* out, value* in, int size)
{
int i;
for (i=0; i<size; i++) out[i] -=in[i];
}

voi d signal _add_to(val ue* out, value* in, int size)

int i;
for (i=0; i<size; i++) out[i] +=in[i];

Comments
from : Christian@savioursofsoul.de
comment : Here is a delphi translation of the code:

/I "value" may be a suitable type like int or float.
/I Parameter "size" is the size of the input signals and must be a power of 2.
[/l out and buffer must point to arrays of size 2*n.

procedure signal_add(in1, in2, oul :PValue; Size:Integer);
vari . Integer;
begin
for i:=0 to Size-1 do
begin
oulNi] := in1Mi] + in2i];
end,
end;

procedure signal_sub_from(inl, oul :PValue; Size:Integer);
var i . Integer;
begin
for i:=0 to Size-1 do
begin
oulni] := ouldAi] - in1Ai];
end,
end;

procedure signal_add_to(in1, oul: PValue; Size:Integer);
vari . Integer;
po, pil : PValue;
begin
po:=oul;
pil:=inl;
for i:=0 to Size-1 do
begin
oul/i] := oulNi] + in1Ai];
Inc(po);
Inc(pil);
end;
end;



procedure convolution(inl, in2, oul, buffer :PValue; Size:Integer);
var tmp1l, tmp2 : PValue;
i . Integer;
begin
tmp1:=Buffer;
tmp2:=@ (Buffer*[(Size div 2)]);

/I clear output.
for i:=0 to size*2 do oul”i]:=0;

/I Break condition for recursion: 1x1 convolution is multiplication.

if Size = 1 then

begin

oulN0] :=in17[0] * in27[0];
exit;

end;

/I first calculate (A1 + A2 * z*-n)*(B1 + B2 * z*-n)*zn

signal_add(in1, @(in1"[(Size div 2)]), tmp1, Size div 2);

signal_add(in2, @(in1"[(Size div 2)]), tmp2, Size div 2);

convolution(tmpl, tmp2, @(oul”[(Size div 2)]), @(Buffer*[Size]), Size div 2);

// then add A1*B1 and substract A1*B1*z"n
convolution(inl, in2, tmpl, @(Buffer'[Size]), Size div 2);
signal_add_to(oul, tmpl, size);
signal_sub_from(@(oul”[(Size div 2)]), tmp1, size);

/I then add A2*B2 and substract A2*B2*z"-n

convolution(@(in1[(Size div 2)]), @(in2"[(Size div 2)]), tmpl, @(Buffer*[Size]), Size div 2);
signal_add_to(@(oul”[Size]), tmp1l, size);

signal_sub_from(@(oul”[Size]), tmpl, size);

end;

from : Christian@savioursofsoul.de
comment : Sorry, i forgot the definitions:

type
Values = Array[0..0] of Single;
PValue = “Values;



Time domain convolution with O(n™og2(3)) (click this to go back to the index)

References : Posted by Magnus Jonsson

Notes :
[see other code by Wilfried Welti too!]

Code :
void mul _brute(float *r, float *a, float *b, int w
for (int i =0; i < ww i++)
r[i] = 0;
for (int i =0; i <w i++)
{

float *rr = r+i;

float ai = [|],

for (int j =0; j <w j++)
rr[j] +=ai*b[j];

}

/1 trmp nust be of length 2*w
void nmul _knuth(float *r, float *a, float *b, int w, float *tnp)

if (w< 30)

{ mul _brute(r, a, b, w;
}else

t

int m= w>1,

for (int i =0; i <m i++)
rf(i ] =a[mti]-a[i 1;
r[i+m = b[i J-b[mti];

}

mul _knuth(tnp, r , r+m m tnp+w);

mul _knuth(r , a , b , m tnp+w;

mul _knuth(r+w, a+m b+m m tnp+w);
for (int i =0; i <m i++)

{ float bla = r[mH]+r[wi];
r[mri] = bla+r[i ]+tnp[|
rfwti] = bIa+r[w-I-m¢-|]+trrp[|+nj

}

}



Various Biquad filters (click this to go back to the index)

References : JAES, Vol. 31, No. 11, 1983 November
Linked file : filters003.txt (this linked file is included below)

Notes :

(see linkfile)

Filters included are:
presence
shelvelowpass
2polebp

peaknotch
peaknotch2

Linked files

/*

* Presence and Shelve filters as given in

* James A. Moorer

* The mani fold joys of conformal mapping:

* applications to digital filtering in the studio
* JAES, Vol. 31, No. 11, 1983 Novenber

*/

#define SPN M NDOUBLE

doubl e bw2angl e( a, bw)
doubl e a, bw,

{
doubl e T,d, sn,cs, mag, del ta, t heta, tnp, a2, a4, asnd;
T = tan(2.0*Pl *bw) ;
a2 = a*a;
a4 = a2*az2;
d = 2.0%a2*T,
sn = (1.0 + a4)*T,
cs = (1.0 - ad);
mag = sqrt(sn*sn + cs*cs);
d /= mag;
delta = atan2(sn,cs);
asnd = asin(d);
theta = 0.5*(Pl - asnd - delta);
tnp = 0.5*(asnd-delta);
if ((tnp > 0.0) & (tnp < theta)) theta = tnp;
return(thetal/ (2. 0*Pl));
}

voi d presence(cf, boost, bw, a0, al, a2, b1, b2)
doubl e cf, boost, bw, *a0, *al, *a2, *bl, *b2;

{
doubl e a, A F, xf nbw, C, t np, al phan, al phad, b0, reci pb0, asq, F2, a2pl usl1, ma2pl usil;

tan(Pl*(cf-0.25));

= a*a;

pow( 10. 0, boost/ 20. 0);

if ((boost < 6.0) && (boost > -6.0)) F = sqrt(A);
elseif (A>1.0) F=Asqgrt(2.0);

else F = A*sqrt(2.0);

xf mbw = bw2angl e( a, bw) ;

a =
asq
A =

C = 1.0/tan(2. 0*PlI *xf nbw) ;

F2 = F*F;

tmp = A*A - F2;

if (fabs(tnmp) <= SPN) al phad = C

el se al phad = sqrt (C*C*(F2-1.0)/tnp);
al phan = A*al phad,;

a2plusl = 1.0 + asq;
ma2plusl = 1.0 - asq;

*a0 = a2plusl + al phan*nma2pl usi;
*al = 4. 0*a;
*a2 = a2plusl - al phan*nma2pl usi;

b0 = a2plusl + al phad*nma2pl usi;
*p2 = a2plusl - al phad*nma2pl usi;

reci pb0 = 1.0/ bO;
*a0 *= recipbO;
*al *= recipbO;
*a2 *= recipbO;
*pbl = *al;

*b2 *= recipbO;
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}

voi d shel ve(cf, boost, a0, al, a2, b1, b2)
doubl e cf, boost, *a0, *al, *a2, *bl, *b2;
{
doubl e a, A F, tmp, b0, reci pb0, asq, F2, gamma2, si ggan®, ganpl;
doubl e gaman, gammuad, ta0,tal,ta2,tb0, tbl, tb2, aal, abl;
a = tan(Pl*(cf-0.25));
asq = a*a;
A = pow( 10. 0, boost/ 20.0);
if ((boost < 6.0) && (boost > -6.0)) F = sqrt(A);
elseif (A>1.0) F= Asqgrt(2.0);
else F = A*sqrt(2.0);

F2 = F*F;

tmp = A*A - F2;

if (fabs(tnp) <= SPN) ganmmad = 1.0;
el se gammad = pow( (F2-1.0)/tnp, 0. 25);
ganmran sqgrt (A) *gammad;

ganmma?2 gamman* ganmman;

gankpl 1.0 + gamma2;

sigganR = 2.0*sqrt(2.0)/2. 0*ganman;
ta0 = ganRpl + siggan?;

tal -2.0*(1.0 - gammm2);

ta2 gankpl - siggan?;

ganma2 = ganmmad* gamrad;
gan2pl = 1.0 + gamma2;

sigganR = 2.0*sqrt(2.0)/2. 0*ganmad,;
tb0 = gankpl + siggan?;

tbl -2.0*(1.0 - gammm2);

tb2 gankpl - siggan?;

aal
*al
*al
*a2

a*tal;

ta0 + aal + asq*ta2z;

2. 0*a*(ta0+ta2) +(1. 0+asq) *tal;
asg*ta0 + aal + ta2;

abl a*tbi;

b0 = tb0 + abl + asqg*tb2;

*bl 2. 0*a*(t b0+t b2) +( 1. O+asq) *t b1;
*pb2 asq*tb0 + abl + tb2;

reci pb0 = 1.0/ b0;
*a0 *= recipbO;
*al *= recipbO;
*a2 *= recipbO;
*b1l *= recipbO;
*b2 *= recipbO;

}

void initfilter(f)

filter *f;

{
f->x1
f->x2
f->yl
f->y2
f->y = 0.0;

cooeo
eLee

}

void setfilter_presence(f,freq, boost, bw)
filter *f;
doubl e freq, boost, bw;
{
presence(freq/ (doubl e) SR, boost, bw' (doubl e) SR,
&f - >cx, &f - >cx1, &f - >cx2, &f - >cy1l, &f - >cy2);
-f->cyl;
-f->cy2;

f->cyl
f->cy2

}

void setfilter_shelve(f,freq, boost)
filter *f;
doubl e freq, boost;

shel ve(freq/ (doubl e) SR, boost,
&f - >cx, &f - >cx1, &f - >cx2, &f - >cy1l, &f - >cy2);
f->cyl = -f->cyl,;
f->cy2 = -f->cy2;
}



void setfilter_shel vel owpass(f, freq, boost)

filter *f;
doubl e freq, boost;
{

doubl e gain;

gain = pow 10. 0, boost/ 20.0);
shel ve(freqg/ (doubl e) SR, boost,
&f - >cx, & - >cx1, & - >cx2, &f - >cyl, &f - >cy2);
f->cx /= gain;
f->cx1 /= gain;
f->cx2 /= gain;
f->cyl = -f->cyil;
f->cy2 = -f->cy2;

}
/*
* As in '""An introduction to digital filter theory'' by Julius O Smth
* and in More's book; | use the normalized version in More's book.
*
/
void setfilter_2pol ebp(f,freq, R
filter *f;
double freq, R
{
doubl e theta;
theta = 2. 0*Pl *freq/ (doubl e) SR;
f->cx = 1.0-R
f->cx1 = 0.0;
f->cx2 = -(1.0-R*R
f->cyl = 2.0*R*cos(theta);
f->cy2 = -R*R;
}
/*
* As in
* Stanley A Wite
* Design of a digital biquadratic peaking or notch filter
* for digital audio equalization
* JAES, Vol. 34, No. 6, 1986 June
*
/
void setfilter_peaknotch(f,freq, M bw)
filter *f;
doubl e freq, M bw,
{
doubl e w0, p,omta,d;
w0 = 2. 0*Pl *freq;
if ((1.0/sqrt(2.0) <M && (M<sqrt(2.0))) {
fprintf(stderr,"peaknotch filter: 1/sqrt(2) < M< sqgrt(2)\n");
exit(-1);
}
if (M<=1.0/sqrt(2.0)) p =sqrt(1.0-2.0*MM;
if (sqrt(2.0) <=M p = sqrt(MM2.0);
om = 2. 0*Pl *bw;
ta = tan(onf ((doubl e) SR*2.0));
d = p+ta;
f->cx = (p+tMta)/d;
f->cx1 = -2.0*p*cos(wO/ (doubl e) SR)/ d;
f->cx2 = (p-Mta)/d;
f->cyl = 2.0*p*cos(w0/ (doubl e) SR)/ d;
f->cy2 = -(p-ta)/d;
}
/*

* Some JAES's article on |adder filter.
* freq (Hz), gdb (dB), bw (Hz)

*/
voi d setfilter_peaknotch2(f,freq, gdb, bw)
filter *f;
doubl e freq, gdb, bw;
{

doubl e k, w, bwr, abw, gai n;

k = pow(10. 0, gdb/ 20. 0) ;

w = 2. 0*Pl *freq/ (doubl e) SR,

bw = 2. 0*Pl *bw (doubl e) SR;

abw = (1.0-tan(bw/2.0))/(1.0+tan(bw/2.0));

gai n = 0.5*(1. 0+k+abw k*abw);

f->cx = 1. 0*gain;

f->cx1 gai n*(-2.0*cos(w) *(1. 0+abw) )/ (1. 0+k+abw k*abw) ;
f->cx2 gai n* (abw+k*abw+1. 0- k) / (abw k*abw+1. 0+K) ;
f->cyl = 2.0*cos(w)/ (1. 0+tan(bw/2.0));



f->cy2 = -abw,

doubl e appl yfilter(f,x)
fi

filter *
doubl e x;
{
f->x = x;
f->y = f->cx * f->x + f->cx1 * f->x1 + f->cx2 * f->x2
+ f->cyl * f->yl1 + f->cy2 * f->y2;
f->x2 = f->x1;
f->x1 = f->x;
f->y2 = f->yl;
f->yl = f->y;

return(f->y);



Zoelzer biguad filters (click this to go back to the index)

Type : biquad IIR
References : Udo Zoelzer: Digital Audio Signal Processing (John Wiley & Sons, ISBN 0 471 97226 6), Chris Townsend

Notes :

Here's the formulas for the Low Pass, Peaking, and Low Shelf, which should

cover the basics. | tried to convert the formulas so they are little more consistent.

Also, the Zolzer low pass/shelf formulas didn't have adjustable Q, so | added that for
consistency with Roberts formulas as well. | think someone may want to check that | did
it right.

------------ Chris Townsend

I mistranscribed the low shelf cut formulas.

Hopefully this is correct. Thanks to James McCartney for noticing.

———————————— Chris Townsend

Code :
onmega = 2*Pl *frequency/sanple_rate

K=t an( onega/ 2)
@Qual ity Factor

V=gai n
LPF: b0 = Kr2
bl = 2*Kr2
b2 = Kr2
a0 = 1 + KKQ + K2
al = 2*(Kr2 - 1)
a2 = 1 - KIQ+ Kr2
peaki ngEQ
boost :
b0 = 1 + V*K/Q + Kr2
bl = 2*(Kr2 - 1)
b2 = 1 - VK Q+ K2
a0 = 1 + K/IQ+ Kr2
al = 2*(Kr2 - 1)
a2 = 1 - KQ+ K2
cut:
b0 = 1 + K Q+ K2
bl = 2*(Kr2 - 1)
b2 = 1 - KQ+ K'2
a0 = 1 + VK/IQ+ Kr2
al = 2*(Kr2 - 1)
a2 = 1 - WK Q+ Kr2
| owShel f:
boost :
b0 = 1 + sqgrt(2*V)*K + V*K 2
bl = 2*(V*Kr2 - 1)
b2 = 1 - sqgrt(2*V)*K + V*Kr2
a0 = 1 + K/IQ+ Kr2
al = 2*(Kr2 - 1)
a2 = 1 - KQ+ K2
cut:
b0 = 1 + K/ Q+ K2
bl = 2*(Kr2 - 1)
b2 = 1 - KQ+ K2
a0 = 1 + sqgrt(2*V)*K + V*Kr2
al = 2*(v*Kr2 - 1)
a2 = 1 - sqrt(2*V)*K + VKr2
Comments

from : signalzerodb@yahoo.com

comment : | get a different result for the low-shelf boost with parametric control.
Zolzer builds his Ip shelf from a pair of poles and a pair of zeros at:
poles = Q(-1 +- )
zeros = sqrt(V)Q(-1 +-j)
Where (in the book) Q=1/sqrt(2)
So,

s"2 + 2sqrt(V)Qs + 2vQ"2

s"2 +2Qs +2Q"2

If you analyse this in terms of:
H(s) = LPF(s) + 1, it sort of falls apart, as we've gained a zero in the LPF. (as does zolzers)

Then, if we bilinear transform that, we get:

a0= 1 + 2*sqri(V)*Q*K + 2*V*QA2*KA2
al= 2 (2*V*QA2*KA2 - 1)

a2= 1 - 2*sqri(V)*Q*K + 2*V*QA2*KA2
0= 1 + 2*Q*K + 2*QA2*KA2

bl= 2 ( 2*Qr2*KA2 - 1)

2= 1 - 2¥Q*K + 2*QA2*KA2



For:
H(z) = a0z"2 + alz +a2 / b0z"2 + b1z + b2

Which, i /think/ is right...
Dave.

from : signalzerodb@yahoo.com
comment : Very sorry, | interpreted Zolzer's s-plane poles as z-plane poles. Too much digital stuff.

After getting back to grips with s-plane maths :) and much graphing to test that it's right, | still get slightly different results.

b0 =1 + sgrt(V)*K/Q + V*K"2

bl = 2*(V*K"2 - 1)

b2 =1 - sgrt(V)*K/Q + V*K"2

a0 =1 +K/Q + K"2

al =2%(K"2-1)

a2=1-K/Q+K"2

The way the filter works is to have two poles on a unit circle around the origin in the s-plane, and two zeros that start at the poles at VO=1, and move
outwards. The above co-efficients represent that. Chris's original results put the poles in the right place, but put the zeros at the location where the
poles would be if they were butterworth, and move out from there - yielding some rather strange results...

But I've graphed that extensively, and it works fine now :)

Dave.



2 Wave shaping things (click this to go back to the index)

References : Posted by Frederic Petrot

Notes :

Makes nice saturations effects that can be easilly computed using cordic
First using a atan function:

y1 using k=16

max is the max value you can reach (32767 would be a good guess)
Harmonics scale down linealy and not that fast

Second using the hyperbolic tangent function:
y2 using k=2
Harmonics scale down linealy very fast

Code :
yl = (max>>1) * atan(k * x/max)

y2 = max * th(x/ max)



Alien Wah (click this to go back to the index)

References : Nasca Octavian Paul ( paulnasca[AT]email.ro )
Linked file : alienwabh.c (this linked file is included below)

Notes :
"l found this algoritm by "playing around" with complex numbers. Please email me your opinions about it.

Paul."
Comments
from : ignatz@webmail.co.za

comment : need help porting this alienwah to C, i'm running linux d;>

from : antiprosynthesis@hotmail.com
comment : Where to download the complex.h you included?

Linked files

/*

Al'i en-Wah by Nasca Cctavian Paul from Tg. Miures, Romani a
e-mai | : <paul nasca@nmail.ro> or <paul nasca@ahoo. conp.
*/
/*

The al gorithmwas found by nme by nistake(l was | ooking for sonething else);

I called this effect "Alien Wah" because sounds a bit |ike wahwah, but nore strange.

The ideea of this effect is very sinple: It is a feedback del ay who uses conpl ex nunbers.

If x[] represents the input and y[] is the output, so a sinple feedback delay |ooks |ike this:
y[ n] =y[ n-del ay] *f b+x[ n] *(1-f b)

"fb' is a real nunber between 0 and 1.
If you change the fb with a conpl ex nunmber who has the MODULUS smaller than 1, it will ook like
this.

f b=R*(cos(al pha) +i *si n(al pha)); i”2=-1; R<1;
y[ n] =y[ n-del ay] *R*(cos(al pha) +i *si n(al pha)) +x[n]*(1-R);

al pha i s the phase of the nunber and is controlled by the LFQ(Low Frequency Oscillator).

If the 'delay' parameter is low, the effect sounds nore |ike wah-wah,

but if it is big, the effect will sound very interesting.

The input x[n] has the real part of the sanples fromthe wavefile and the imaginary part is zero.
The output of this effect is the real part of y[n].

Here it is a sinple and unoptim sed inplenentation of the effect. Al paraneters should be
changed at conpile tine.
It was tested only with Borland C++ 3.1.

Pl ease send me your opinions about this effect.
Hope you like it (especially if you are play to guitar).

Paul .
*/
/*
Al'i en Wah Paraneters
freq - "Alien Wah" LFO frequency
startphase - "Alien WAh" LFO startphase (radi ans), needed for stereo
fb - "Alien Wah" FeedBack (0.0 - |ow feedback, 1.0 = 100% hi gh feedback)
del ay - delay in sanmples at 44100 KHz (reconanded from5 to 50...)

*/

#i ncl ude <conmpl ex. h>
#i nclude <fcntl. h>

#i ncl ude <sys\stat.h>
#i ncl ude <io. h>

#i ncl ude <stdi o. h>

#i ncl ude <math. h>

/*

.raw files are raw files (w thout header), signed 16 bit, nono
*/

#define infile "a.raw' //input file

#define outfile "b.raw' //input file

#define sanpl erate 44100

#define bufsize 1024
int bufl[bufsize];//input buffer
i nt buf 2[ bufsize];//output buffer
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#define | foski psanpl es 25 // How many

struct parans

float freq, startphase, fb;
i nt del ay;

} awpar ans;
/lalien wah internal paraneters

struct alienwahinternals

{

conpl ex *del aybuf;

f
I

| oat | foskip;
ong int t;

conpl ex c;

nt k;

} awint;

/leffect initialisation
void init(float freq,float startphase,float fb,int delay){

}

awpar ans. freq=freq;

awpar ans. st art phase=st art phase;

awpar ans. f b=f b/ 4+0. 74;

awpar ans. del ay=(i nt) (del ay/ 44100. O*sanpl erate) ;

if (delay<l) del ay=1;

awi nt . del aybuf =new conpl ex[ awpar ans. del ay] ;

int i;

for (i=0;i<delay;i++) aw nt.del aybuf[i]=conpl ex(0, 0);
awi nt . | f oski p=freq*2*3. 141592653589/ sanpl er at e;

awi nt .t =0;

/| process buffer
voi d process()

}

i
f

nt i;
loat |fo,out;

conpl ex outc;

f
{

} .

or (i =0; i <bufsi ze;i ++)

i f (awi nt.t++% f oski psanpl es==0)
{
| fo=(1+cos(awi nt.t*aw nt.|foski p+awpar ans. st art phase));
awi nt. c=conpl ex(cos( | fo)*awpar ans. f b, si n(| f o) *awpar ans. f b) ;
b
out c=awi nt. c*aw nt . del aybuf [ awi nt. k] +( 1- awpar ans. fb) *buf 1[i];
awi nt . del aybuf [ awi nt . k] =out c;
i f ((++aw nt.k)>=awpar ans. del ay)
awi nt . k=0;
out=real (outc)*3; //take real part of outc
i f (out<-32768) out=-32768;
el se if (out>32767) out=32767; //Prevents clipping
buf 2[i ] =out;

int main()

char f1,f2;

int readed;

long int filereaded=0;

printf("\n");

f 1=open(i nfil e, O RDONLY| O_BI NARY) ;
renove(outfile);

f 2=open(outfil e, O Bl NARY| O CREAT, S_| WRI TE) ;
long int i;

init(0.6,0,0.5,20); [//effects paraneters
do
readed=r ead(f 1, buf 1, buf si ze*2);
process();
wite(f2, buf2, readed);
printf("%d bytes \r",fil ereaded);
fil ereaded+=r eaded;
}whil e (readed==bufsi ze*2);

del et e(awi nt . del aybuf);

sanpl es are processed before conmpute the |fo value again



close(f1l);
cl ose(f2);
printf("\n\n");

return(0);



Bit quantization/reduction effect (click this to go back to the index)

Type : Bit-level noise-generating effect
References : Posted by Jon Watte

Notes :
This function, run on each sample, will emulate half the effect of running your signal through a Speak-N-Spell or similar low-bit-depth circuitry.

The other half would come from downsampling with no aliasing control, i e replicating every N-th sample N times in the output signal.

Code :

short keep_bits_from 16( short input, int keepBits ) {
return (input & (-1 << (16-keepBits)));

}




Class for waveqguide/delay effects (click this to go back to the index)

Type : lIR filter
References : Posted by arguru[AT]smartelectronix.com

Notes :
Flexible-time, non-sample quantized delay , can be used for stuff like waveguide synthesis or time-based (chorus/flanger) fx.

MAX_WG_DELAY is a constant determining MAX buffer size (in samples)

Code :
cl ass cwavegui de

E)ubl ic:
cwavegui de(){clear();}
virtual ~cwaveguide(){};

void clear()

count er =0;
for(int s=0; s<MAX WG DELAY; s++)
buf f er[s] =0;

inline float feed(float const in,float const feedback, double const del ay)

/] cal cul ate del ay of fset
doubl e back=(doubl e) count er - del ay;

/1 clip | ookback buffer-bound
i f (back<0. 0)
back=MAX_ WG DELAY+back;

/1 conmpute interpolation |eft-floor
int const index0=floor_int(back);

/] conpute interpolation right-floor
int index_1=i ndex0-1;

int indexl=i ndex0+1;

i nt index2=i ndex0+2;

/1 clip interp. buffer-bound

i f(index_1<0)i ndex_1=MAX_ WG DELAY- 1;
i f(index1>=MAX_WG DELAY) i ndex1=0;

i f(index2>=MAX_WG DELAY) i ndex2=0;

/1 get neighbourgh sanples

float const y_1= buffer [index_1];
float const yO buffer [indexO0];
float const yl buffer [indexl];
float const y2 buffer [index2];

/1 compute interpolation x
float const x=(float)back-(float)indexO;

| calcul ate

| oat const cO
| oat const cl
| oat const c2
| oat const c3

y0;
0.5f*(yl-y_1);
y 1 - 2.5f*y0 + 2. 0f*yl - 0.5f*y2;

/
f
f
f _
f 0.5f*(y2-y_ 1) + 1.5f*(y0-yl);

float const output=((c3*x+c2)*x+cl)*x+cO;

/1 add to delay buffer
buf f er [ count er] =i n+out put *f eedback;

/1 increment delay counter
count er ++;

/1 clip delay counter
i f (count er >=MAX_WG DELAY)
count er =0;

/1 return out put
return output;

}

fl oat buffer[ MAX WG DELAY] ;
int counter;

b



Decimator (click this to go back to the index)

Type : Bit-reducer and sample&hold unit
References : Posted by tobyear[AT]web[DOT]de

Notes :

This is a simple bit and sample rate reduction code, maybe some of you can use it. The parameters are bits (1..32) and rate (0..1, 1 is the original
samplerate).

Call the function like this:

y=decimate(x);

A VST plugin implementing this algorithm (with full Delphi source code included) can be downloaded from here:
http:/tobybear.phreque.com/decimator.zip

Comments/suggestions/improvements are welcome, send them to: tobybear@web.de

Code :
/1 bits: 1..32
/1 rate: 0..1 (1 is original sanplerate)

kkkkkkkkk*k PaSC&| Source kkkkkhkkkkk*k
var mlongint;
y,cnt, rate: single;

// call this at l|east once before calling
/1 decimate() the first tine
procedure setparans(bits:integer;shrate:single);

begi n
m =1 shl (bits-1);
cnt: =1;
rate: =shrate;

end;

function deci mate(i: single):single;
begi n
cnt:=cnt+rate;
if (cnt>1) then
begi n
cnt:=cnt-1,
y:=round(i*m/m
end;
result: =y;
end,

*kkkkkkkk*k Csource *kkkkkkkk*k
int bits=16;
float rate=0.5;

long int mrl<<(bits-1);
float y=0, cnt=0;

float decimate(float i)

cnt +=rate;
if (cnt>=1)
{

cnt-=1;
y=(long int)(i*m/(float)m
}

return y;

Comments

from : kaleja@estarcion.com

comment : Nothing wrong with that, but you can also do fractional-bit-depth decimations, allowing
smooth degradation from high bit depth to
low and back:

/I something like this -- this is

/I completely off the top of my head
I/ precalculate the quantization level
float bits; // effective bit depth

float quantum = powf( 2.0f, bits );

/] per sample
y = floorf( x * quantum ) / quantum;

from : dr.kef@spray.se
comment : it looks to me like the c-line



long int m=1<<(bits-1);

doesnt give the correct number of quantisation levels if the number of levels is defined as 2”bits. if bits=2 for instance, the above code line returns a bit
pattern of 10 (3) and not 11 (2/2) like one would expect.

please, do correct me if im wrong.
/heatrof
from : resofactor@hotmail.com

comment : just getting into coding, i've mainly been working with synthedit...but would really like to move on into the bigger arena? any pointers for a
DSP newbie-totally not hip on structured programming...yet! :0)



Delay time calculation for reverberation (click this to go back to the index)
References : Posted by Andy Mucho

Notes :

This is from some notes | had scribbled down from a while back on
automatically calculating diffuse delays. Given an intial delay line gain
and time, calculate the times and feedback gain for numlines delay lines..

Code :

int num i nes = 8;

float t1 = 50.0; /1 dO tine
float gl = 0.75; /1 dO gain

float rev = -3*t1 / 10910 (gl);

for (int n =0; n < nunlines; ++n)

float dt =t1 / pow (2, (float (n) / nunlines));
float g = pow (10, -((3*dt) / rev));
printf ("d% t=%3f g=%3f\n", n, dt, Q);

The above with t1=50.0 and g1=0.75 vyields:

d0 t=50.000 g=0.750
dl t=45.850 g=0.768
d2 t=42.045 g=0.785
d3 t=38. 555 g=0.801
d4 t=35.355 g=0.816
d5 t=32.421 g=0.830
d6 t=29.730 g=0.843
d7 t=27.263 g=0.855

To go nore diffuse, chuck in dual feedback paths with a one cycle del ay
effectively creating a phase-shifter in the feedback path, then things get
nore exciting.. Though what the opti mum phase shifts would be | couldn't

tell you right now. .



Early echao's with image-mirror technigue (click this to go back to the index)
References : Donald Schulz

Linked file : early_echo.c (this linked file is included below)

Linked file : early_echo_eng.c (this linked file is included below)

Notes :

(see linked files)
Donald Schulz's code for computing early echoes using the image-mirror method. There's an english and a german version.

Li nked files

/*

From "Donal d Schul z" <d. schul z@nx. de>

To: <nusi c-dsp@hoko. cal arts. edu>

Subj ect: [nusic-dsp] Inmage-mrror nethod source code
Date: Sun, 11 Jun 2000 15:01:51 +0200

A while ago | wote a programto cal culate early echo responses.
As there seens to be sone interest in this, | now post it into the
publ i ¢ donai n.

Have phun

Donal d.
*/

/****************************************************************************
*

Early Echo Conputation using inage-mrror method

Position of |istener, 2 sound-sources, roomsize may be set.

Four early echo responses are calculated (fromleft sound source and
ri ght sound source to left and right ear). Angle with which the sound
neets the ears is taken into account.

The early echo response fromleft sound source to left ear is printed
to screen for denmonstration, the first table contains the delay tines
and the second one the weights.

Programis rel eased into the public domain.

Sorry for german comments :-(
Sorme frequently used gernman words

hoerpos : listening position
breite : width
| aenge : length

hoehe : hei ght
daenpfung : danping

links : left
rechts : right
Chr . ear

W nkel : angle
Wchtung : wei ght
Norm erung : normalization

I f sonmeone does sone inprovenents on this, | (Donald, d.schulz@nx.de)
woul d be happy to get the inproved code

* % %k ok 3k 3k 3k X 3 3k F kX 3k X X 3k X 3k X X X X X F X X X X X *

**************************************************************************/

#i ncl ude <math. h>
#i ncl ude <stdi o. h>

#define early_|l ength 0x4000 /* Laenge der Puffer fuer early-echo */
#define early_length_1 Ox3fff

#define early_tap_num 20 /* Anzahl an early-echo taps */

#define breite 15.0 /* 15 m breiter Raum (x)*/

#define | aenge 20.0 /* 20 mlang (y) */

#define hoehe 10.0 /* 10 m hoch (z)*/

#def i ne daenpfung 0.999 / * Daenpfungsfaktor bei Reflexion */
#define hoerposx 7.91 [* hier sitzt der Hoerer (linkes Chr) */
#defi ne hoerposy 5.0

#define hoerposz 2.0

#define leftposx 5.1 /* hier steht die linke Schallquelle */


http://www.musicdsp.org/files/early_echo.c
http://www.musicdsp.org/files/early_echo_eng.c

#define | eftposy 16.3
#define leftposz 2.5

#define rightposx 5.9 /* hier steht die rechte Schallquelle */
#define rightposy 6.3
#define rightposz 1.5

#define i _length 32 /* Laenge des Ei ngangs-Zwi schenpuffers */
#define i _length_1 31

#define o_l ength 32 /* Laenge des Ausgangs-Zwi schenpuffers */
#define o_length 1 31

float *early_l2l; [/* linker Kanal nach |inkem Chr */

float *early_l2r; [/* linker Kanal nach rechtem Chr */

float *early_r2l; [* rechter Kanal nach |inkem Chr */

float *early_ r2r; [/* rechter Kanal nach rechtem Chr */

int early_pos=0;

int e_delays_|2l[early_tap_nunj; /* Del ays der early-echos */
float e_values_|2l[early_tap_num; /* Gewi chtungen der del ays */
int e_delays_|2r[early_tap_nuni;

float e_values_|2r[early_tap_num;

int e_delays_r2l[early_tap_nuni;

float e_values_r2l[early_tap_num;

int e _delays_ r2r[early_tap_nuni;

float e_values_r2r[early_tap_num;

/* Early-echo Berechnung mittels Spiegel quell enverfahren

Raummodel | :

H - Hoererposition

L - Spiegel schall quellen des |inken Kanal es

U - Koordi nat enur sprung

Raum sei 11 neter breit und 5 neter lang (1 Zeichen = 1 neter)
Li nker Kanal stehe bei x=2 y=4 z=?

Hoerer stehe bei x=5 y=1 z=?

L L L L L L L_
L] L I L] L I L] L I L
I I I I I I I
I I I I I I I
I I I H I I I I
X

I I I I I I I
| I I I | | |
I I I I I I I
I I I I I I I
L L L L L L L
*/
mai n()

int i,j,select;

float dist_max;

float x,y,z,xref,yref, zref;

fl oat x_pos,y_pos, z_pos;

float distance, wi nkel;

float w chtung;

float norm erungr, norm erungl;

early |2l =(float *)malloc(early_| ength*sizeof (
early_ | 2r=(float *)malloc(early_| ength*sizeof (
early _r2l =(float *)malloc(early_| ength*sizeof(
early_r2r=(float *)malloc(early_| ength*sizeof (

)
1

/* Erst mal Echos | oeschen: */

for (i=0;i<early_length;i++)

early |2l [i]=early_l2r[i]l=early_r2l[i]=early_r2r[i]=0.0;

di st _max=300. O*ear |l y_| engt h/ 44100.0; /* 300 nis Schal | geschw ndi gkeit */
/* Echo vom LI NKEN Kanal auf |inkes/rechtes Chr berechnen */

for (x=-ceil (dist_max/(2*]aenge)); x<=ceil (di st_max/(2*] aenge)); x++)



for (y=-ceil (dist_max/(2*breite));y<=ceil (dist_max/(2*breite));y++)
for (z=-ceil (dist_max/(2*hoehe)); z<=ceil (di st_max/(2*hoehe)); z++)
{
xref=2*x*breite
yref =2*y*| aenge;
zref =2*z*hoehe;
for (sel ect=0; sel ect<8; sel ect ++) /* vol | staendi ge Permutation */
{
if (select&l) x_pos=xref+leftposx;
el se x_pos=xref-|eftposx;
if (select&) y pos=yref+leftposy;
el se y_pos=yref-|eftposy;
if (select&4) z_pos=zref+leftposz;
el se z_pos=zref-|eftposz;
/* Jetzt steht die absolute Position der Quelle in ?_pos */

/* Relative Position zumlinken Chr des Hoerers bestinmen: */
X_pos- =hoer posx;
y_pos- =hoer posy;
z_pos- =hoer posz;

di st ance=sqrt (pow x_pos, 2) +pow y_pos, 2) +pow( Zz_pos, 2));
/* distance*147 = di stance/ 300[ m s] *44100[ ATW s]; bei 32kHz-> *106 */
if ((distance*147)<early_length)

{
/* Einfallswinkel imBereich -Pi/2 bis Pi/2 ermtteln: */
wi nkel =at an(y_pos/ x_pos);
if (y_pos>0) /* Kl ang kommt aus vorderem Bereich: */
{ [/* 0=links=>Verstaerkung=1 Pi =rechts=>Verstaerkung=0.22 (?) */
w nkel +=3. 1415926/ 2; wi chtung = 1 - winkel/4;
}
el se /* Klang konmt von hinten: */
wi nkel - =3. 1415926/ 2; wi chtung= 1 + wi nkel/4;
/* Early-echo gemaess Wnkel und Entfernung gew chten: */
early I2I[(int) (distance*147.)]+=wi chtung/ (pow di stance,3.1));
}

/* Relative Position zumrechten Chr des Hoerers bestinmen: */
X_pos-=0.18; /* Kopf ist 18 cmbreit */

di stance=sqrt (pow x_pos, 2) +pow y_pos, 2) +pow( Z_pos, 2));
/* distance*147 = di stance/ 300[ nf s] *44100[ ATWs]; bei 32kHz-> *106 */
if ((distance*147)<early_| ength)

{
/* Einfallsw nkel imBereich -Pi/2 bis Pi/2 ermtteln: */
wi nkel =at an(y_pos/ x_pos);
if (y_pos>0) /* Kl ang komt aus vorderem Bereich: */
{ [/* 0=links=>Verstaerkung=1 Pi =rechts=>Verstaerkung=0.22 (?) */
wi nkel -=3. 1415926/ 2; wi chtung = 1 + wi nkel/4;
}
el se /* Klang konmt von hinten: */
wi nkel +=3. 1415926/ 2; wi chtung= 1 - wi nkel/4;
/* Early-echo gemaess Wnkel und Entfernung gew chten: */
early I2r[(int) (distance*147.)]+=wi chtung/ (pow distance, 3.1));
}

}
}

/* Echo vom RECHTEN Kanal auf |inkes/rechtes Chr berechnen */

for (x=-ceil (dist_max/(2*l aenge)); x<=ceil (di st_max/(2*l aenge)); x++)
for (y=-ceil (dist_nmax/(2*breite));y<=ceil (dist_max/(2*breite));y++)
for (z=-ceil (dist_max/(2*hoehe));z<=ceil (di st_max/(2*hoehe)); z++)

xref =2*x*breite
yref =2*y*| aenge;
zref =2*z*hoehe;
for (sel ect=0; sel ect<8; sel ect ++) /* vol | staendi ge Pernmutation */
{
if (select&l) x_pos=xref+rightposx;
el se x_pos=xref-rightposx;
if (select&) y_pos=yref+rightposy;
el se y_pos=yref-rightposy;
if (select&) z_pos=zref+rightposz;
el se z_pos=zref-rightposz;
/* Jetzt steht die absolute Position der Quelle in ?_pos */

/* Relative Position zumlinken Chr des Hoerers besti nmen: */



X_pos- =hoer posx;
y_pos- =hoer posy;
Zz_pos- =hoer posz;

di stance=sqrt (pow x_pos, 2) +pow y_pos, 2) +pow( Zz_pos, 2));
/* distance*147 = di stance/ 300[ m s]*44100[ ATWs]; bei 32kHz-> *106 */
if ((distance*147.)<early_l ength)
{
/* Einfallswinkel imBereich -Pi/2 bis Pi/2 ermitteln: */
wi nkel =at an(y_pos/ x_pos);
if (y_pos>0) /* Kl ang kommt aus vorderem Bereich: */
{ [/* 0=links=>Verstaerkung=1 Pi =recht s=>Ver st aer kung=0. 22 (?) */
wi nkel +=3. 1415926/ 2; wi chtung = 1 - wi nkel/4;

el se /* Klang kommt von hinten: */
wi nkel -=3. 1415926/ 2; wi chtung= 1 + wi nkel/4;

/* Early-echo genaess Wnkel und Entfernung gew chten: */
early_ r2l[(int) (distance*147.)]+=wi chtung/ (pow distance, 3.1));

/* Und jetzt Early-Echo zweiter Kanal auf LINKES Chr berechnen */
X_pos-=0.18; /* Kopfbreite addieren */

di stance=sqrt (pow x_pos, 2) +pow y_pos, 2) +pow( Z_pos, 2));
/* distance*147 = di stance/ 300[ nm s] *44100[ ATWs]; bei 32kHz-> *106 */
if ((distance*147)<early_| ength)
{
/* Einfallswinkel imBereich -Pi/2 bis Pi/2 ermtteln: */
wi nkel =at an(y_pos/ x_pos);
if (y_pos>0) /* Kl ang komt aus vorderem Bereich: */
{ [/* 0=links=>Verstaerkung=1 Pi =rechts=>Verstaerkung=0.22 (?) */
wi nkel -=3. 1415926/ 2; wi chtung = 1 + wi nkel/4;
}

el se /* Klang konmt von hinten: */
wi nkel +=3. 1415926/ 2; wi chtung= 1 - wi nkel/4;

/* Early-echo gemaess Wnkel und Entfernung gew chten: */
early r2r[(int) (distance*147.)]+=wi chtung/ (pow di stance, 3.1));

/* Und jetzt aus berechnetem Echo die ersten early_tap_num Werte holen */
/* Erst mal e's zuruecksetzen: */
for (i=0;i<early_tap_nunyi++)

e_values_| 2l [i]=e_values_l2r[i]=0.0;
e delays_| 2I[i]=e_delays_|2r[i]=0; /* Unangenehne Speicherzugriffe vernei den */
e_values_r2l[i]=e_values_r2r[i]=0.0;
e delays_r2l[i]=e_delays_r2r[i]=0;
}
/* und jetzt e_delays und e_val ues extrahieren: */
j =0;

nor m er ungl =nor m er ungr =0. 0O;
for(i=0;i<early_length;i++)

if (early_l2I[i]!=0)
e delays_|2I[j]=i;
e_values_|2l[j]=early_l2I[i];
norm erungl +=early_|2I[i];
j ++;

b

if (j==early_tap_nunm) break;

=0;
or(i=0;i<early_length;i++)

o ———

if (early_l2r[i]!=0)

e_delays_l2r[j]=i;

e values_l|2r[j]=early_l2r[i];
norm erungr+=early_l2r[i];

j ++;

}
if (j==early_tap_num break;



—

' 0
or(i=0;i<early_length;i++)

———

if (early_r2l[i]!=0)

e_delays_r2l[j]=i;

e values_r2l[j]=early_r2I[i];
norm erungl +=early_r2l[i];

j ++;

}
if (j==early_tap_nunm break;

=0;
or(i=0;i<early_length;i++)

A —h———

if (early_r2r[i]!=0)
{

e_delays_r2r[j]=i;
e_values_r2r[j]=early_r2r[i];
norm erungr+=early_r2r[i];

j +t;

}
if (j==early_tap_num break;

/* groessere von bei den Norm erungen verwenden: */
i f (norm erungr>nornierungl) norm erungr=normn erungl ;

for (j=0;j<early_tap_numj++)
{

e_val ues_| 21

[ nor ni erungr;
e_values_I| 2r[j

[

[

nor mi erungr;
nor ni erungr;
nor nmi erungr;

e_val ues_r 2l
e_val ues_r2r

~ i~ — —
I T T

/* Ausgeben nur der |2l-Werte fuer schnelles Reverb */
printf("int e_delays[%l]={",early_tap_num;
for (j=0;j<(early_tap_numl);j++)

printf("%, ",e_delays |2I[j]);
printf("%};\n\n",e_delays_|2I[j]);

printf("float e_values[%]={",early_tap_nun);

for (j=0;j<(early_tap_num1l);j++)
printf("9%0.4f, ",e_values_l2I[j]);

printf("9®.4f};\n\n",e_values_l2I[]]);

/*

From "Donal d Schul z" <d.schul z@nx. de>

To: <nusi c-dsp@hoko. cal arts. edu>

Subj ect: [nusic-dsp] Inmage-mrror nethod source code
Date: Sun, 11 Jun 2000 15:01:51 +0200

A while ago | wote a programto calculate early echo responses.
As there seens to be some interest in this, | now post it into the
publ i ¢ donai n.

Have phun,

Donal d.

*/

/*

i have taken the liberty of renam ng some of donald's variables to make
his code easier to use for english speaking, non-german speakers. i did
a sinple search and replace on all the gernan words nentioned in the
note below. all of the conments are still in german, but the english
vari abl e names make the code easier to follow, at least for me. i don't

think that i messed anything up by doing this, but if something' s not
wor ki ng you mght want to try the original file, just in case.

dougl as
*/

/****************************************************************************
*

* Early Echo Conputation using inage-mrror method



Position of |istener

ri ght sound source to left and

to screen for denonstration,
and the second one the weights.

Sorry for german comments : - (
Sone frequently used gernman wor

hoerpos : listening position
breite : width

| aenge : length

hoehe : hei ght

daenmpfung : danping

links : left

rechts : right

onr ear

W nkel : angle

Wchtung : wei ght

Normi erung : normalization

¥ 0% 3k 3k 3k 3k 3k 3k 3k 3k 3k 3k 3k 3k 3k 3k 3k 3k 3k 3k 3k 3k 3k 3k 3k Ok Ok X F *

#i ncl ude <math. h>

#i ncl ude <stdi o. h>
#def i /*
#def i

ne
ne

early_l engt h 0x4000

early_length_1 Ox3fff
#define early_tap_num 20 /*
#def i
#def i
#def i
#def i

width 15.0
length 20.0
hei ght 10.0
danpi ng 0. 999

/*
/*

ne
ne
ne
ne

#def i
#def i
#def i

ne
ne
ne

listening_positionx 7.91
listening_positiony 5.0
listening_positionz 2.0
#def i /*
#def i
#def i

ne
ne
ne

leftposx 5.1
| ef t posy 16.3
| eftposz 2.5

#def i
#def i
#def i

ne
ne
ne

ri ghtposx 5.9
ri ghtposy 6.3
rightposz 1.5

#def i
#def i
#def i
#def i

ne i _length 32
ne i _length_1 31
ne o_length 32
ne o_length_1 31

Kana
Kana

l'i nker
li nker
rechter

*early_l2l; [*
*early_ l2r; [*
*early_r2l; [|*
*early_r2r; [*
int early_pos=0;

int e_delays_|2l[early_tap_nuni;
float e_values_|2l[early_tap_nun;
int e_delays_|2r[early_tap_nuni;
float e_values_ |2r[early_tap_nun;
int e_delays_r2l[early_tap_nuni;
float e_values_r2l[early_tap_num;
int e_delays_r2r[early_tap_nuni;
float e_values_r2r[early_tap_num;

2 sound- sources
Four early echo responses are calculated (fromleft sound source and
Angl e with which the sound

I f soneone does sone inprovenents on this, |
woul d be happy to get the inproved code

/* Danpi ngsf akt or be

Kanal
recht er Kanal

roomsize may be set

right ear).

neets the ears is taken into account.
The early echo response fromleft sound source to |eft
the first table contains the delay tines

Programis rel eased into the public domain.

ds:

ear is printed

(Donal d, d.schul z@ynx. de)

**************************************************************************/

Length der Puffer fuer early-echo */
Anzahl an early-echo taps */

15 mwi dthr Raum (x)*/

20 mlang (y) */

/* 10 m hoch (z)*/
Ref | exi on */
/* Hoer er

hier sitzt der

hi er steht

*/

*/

*/
*/

nach |inkem ear

nach rechtem ear
nach |inkem ear
nach rechtem ear

/* Del ays der early-echos */
/* Gewei ghten der del ays */

/* Early-echo Berechnung mittels Spiegel quellenverfahren

(l'i nkes ear)

die linke Schallquelle */

/* hier steht die rechte Schallquelle */

/* Length des Ei ngangs-Zwi schenpuffers */

/* Length des Ausgangs-Zwi schenpuffers */

*/



Raummodel | :

H - Hoererposition

L - Spiegel schall quellen des |inken Kanal es
U - Koordi nat enur sprung

Raum sei 11 neter breit und 5 neter lang (1 Zeichen = 1 neter)
Li nker Kanal stehe bei x=2 y=4 z=?
Hoerer stehe bei x=5 y=1 z=?
| | | | | | |
I I I I I I I
| I I I | | |
I I I I I I I
L L L L L L L_
L L I L] L I L L I L|
| I I I | | |
I I I I I I I
I I I H I I I I
X
| I I I | | |
| I I I | | |
I I I I I I I
I I I I I I I
L L L L L_ L L_
*/
mai n()
int i,j,select;
float dist_max;
float x,y,z,xref,yref, zref;
fl oat x_pos,y_pos, z_pos;
fl oat distance, angl e;
fl oat weight;
float normalizationr, normalizationl

early |2l =(float *)malloc(early_l ength*sizeof (float));
early_| 2r=(float *)malloc(early_|l ength*sizeof (float));;
early r2l =(float *)malloc(early_l ength*sizeof (float));
early_r2r=(float *)malloc(early_|l ength*sizeof (float));

1

/* Erst mal Echos | oeschen: */
for (i=0;i<early_length;i++)
early |2l [i]=early_l2r[i]=early_r2l[i]=early_r2r[i]=0.0;

di st _max=300. O*early_| engt h/ 44100.0; /* 300 nis Schal | geschwi ndi gkeit */
/* Echo vom LI NKEN Kanal auf |inkes/rechtes ear berechnen */

for (x=-ceil (dist_max/(2*l ength));x<=ceil (dist_max/(2*] ength)); x++)
for (y=-ceil (dist_max/(2*wi dth));y<=ceil (dist_max/(2*w dth));y++)
for (z=-ceil (dist_max/(2*height)); z<=ceil (dist_max/(2*height)); z++)

xref =2*x*w dt h;
yref =2*y*| engt h;
zr ef =2* z*hei ght ;
for (sel ect=0;sel ect<8;sel ect ++) /* vol | staendi ge Permutation */
{
if (select&l) x_pos=xref+leftposx;
el se x_pos=xref-|eftposx;
if (select&) y_pos=yref+leftposy;
el se y_pos=yref-|eftposy;
if (select& ) z_pos=zref+l eftposz;
el se z_pos=zref-|eftposz;
/* Jetzt steht die absolute Position der Quelle in ?_pos */

/* Relative Position zumlinken ear des Hoerers bestimen: */

X_pos- =l i st eni ng_posi ti onx;
y_pos-=listeni ng_positiony;
z_pos-=listening_positionz;

di st ance=sqrt (pow x_pos, 2) +pow( y_pos, 2) +pow( Zz_pos, 2));
/* distance*147 = di stance/ 300[ m s] *44100[ ATWs]; bei 32kHzZ-> *106 */
if ((distance*147)<early_| ength)
{
/* Einfallsangle imBereich -Pi/2 bis Pi/2 ermitteln: */
angl e=at an(y_pos/ x_pos) ;
if (y_pos>0) /* Klang kommt aus vorderem Bereich: */
{ [I* 0=l eft=>Verstaerkung=1 Pi=right=>Verstaerkung=0.22 (?) */
angl e+=3. 1415926/ 2; weight = 1 - angl e/ 4;
}



el se /* Klang konmt von hinten: */
angl e- =3. 1415926/ 2; weight= 1 + angl e/ 4;

/* Early-echo gemmess angl e und Entfernung gew chten: */
early I2I[(int) (distance*147.)]+=wei ght/(powdi stance, 3.1));
}

/* Relative Position zumrechten ear des Hoerers bestinmen: */
X_pos-=0.18; /* Kopf ist 18 cmbreit */

di stance=sqrt (pow x_pos, 2) +pow y_pos, 2) +pow( Z_pos, 2));
/* distance*147 = di stance/ 300[ m s] *44100[ ATW s]; bei 32kHz-> *106 */
if ((distance*147)<early_| ength)

{
/* Einfallsangle imBereich -Pi/2 bis Pi/2 ermitteln: */
angl e=at an(y_pos/ x_pos) ;
if (y_pos>0) /* Kl ang kommt aus vorderem Bereich: */
{ [I* 0=l eft=>Verstaerkung=1 Pi=right=>Verstaerkung=0.22 (?) */
angl e- =3. 1415926/ 2; weight = 1 + angl e/ 4;
}
el se /* Klang konmt von hinten: */
angl e+=3. 1415926/ 2; weight= 1 - angl e/ 4;
/* Early-echo gemmess angl e und Entfernung gew chten: */
early I 2r[(int) (distance*147.)]+=wei ght/(pow di stance, 3.1));
}

}
}

/* Echo vom RECHTEN Kanal auf |inkes/rechtes ear berechnen */

for (x=-ceil (dist_max/(2*1 ength));x<=ceil (dist_max/ (2%l ength));x++)
for (y=-ceil (dist_max/(2*wi dth));y<=ceil (dist_max/(2*wi dth));y++)
for (z=-ceil (dist_max/(2*height));z<=ceil (dist_max/(2*height)); z++)

xref =2*x*w dt h;
yref =2*y*| engt h;
zr ef =2*z*hei ght ;
for (sel ect=0; sel ect<8; sel ect ++) /* vol | staendi ge Pernmutation */
{
if (select&l) x_pos=xref+rightposx;
el se x_pos=xref-rightposx;
if (select&) y_pos=yref+rightposy;
el se y_pos=yref-rightposy;
if (select&4) z_pos=zref+rightposz;
el se z_pos=zref-rightposz;
/* Jetzt steht die absolute Position der Quelle in ?_pos */

/* Relative Position zumlinken ear des Hoerers besti nmen: */

X_pos- =l i st eni ng_posi ti onx;
y_pos- =l i st eni ng_posi ti ony;
z_pos-=listening_positionz;

di stance=sqrt (pow( x_pos, 2) +pow y_pos, 2) +pow z_pos, 2));
/* distance*147 = di stance/ 300[ m s] *44100[ ATWs]; bei 32kHz-> *106 */
if ((distance*147.)<early_length)

/* Einfallsangle imBereich -Pi/2 bis Pi/2 ermtteln: */

angl e=at an(y_pos/ x_pos) ;

if (y_pos>0) /* Kl ang kommt aus vorderem Bereich: */

{ [* 0=l eft=>Verstaerkung=1 Pi=right=>Verstaerkung=0.22 (?) */
angl e+=3. 1415926/ 2; weight = 1 - angle/4;

}

el se /* Klang kommt von hinten: */
angl e-=3. 1415926/ 2; weight= 1 + angl e/ 4;

/* Early-echo genmess angle und Entfernung gew chten: */
early r2l[(int) (distance*147.)]+=wei ght/(pow di stance, 3.1));

/* Und jetzt Early-Echo zweiter Kanal auf LINKES ear berechnen */
X_pos-=0.18; /* Kopfw dth addi eren */

di st ance=sqrt (pow x_pos, 2) +pow y_pos, 2) +pow( Zz_pos, 2));
/* distance*147 = di stance/ 300[ m s]*44100[ ATWs]; bei 32kHzZ-> *106 */
if ((distance*147)<early_|ength)

/* Einfallsangle imBereich -Pi/2 bis Pi/2 ermitteln: */



angl e=at an(y_pos/ x_pos) ;

if (y_pos>0) /* Kl ang komt aus vorderem Bereich: */

{ [/* 0=l eft=>Verstaerkung=1 Pi =right=>Ver st aer kung=0.22 (?)
angl e- =3. 1415926/ 2; weight = 1 + angl e/ 4;

}

el se /* Klang konmt von hinten: */
angl e+=3. 1415926/ 2; weight= 1 - angl e/ 4;

/* Early-echo gemmess angle und Entfernung gew chten: */
early r2r[(int) (distance*147.)]+=wei ght/(pow di stance, 3.1));

/* Und jetzt aus berechnetem Echo die ersten early_tap_num Werte holen */
/* Erst mal e's zuruecksetzen: */
for (i=0;i<early_tap_nunyi++)

e_values_| 2l [i]=e_values_l2r[i]=0.0;
e delays_| 2I[i]=e_delays_|2r[i]=0; /* Unangenehne Speicherzugriffe vernei den */
e_values_r2l[i]=e_values_r2r[i]=0.0;
e delays_r2l[i]=e_delays_r2r[i]=0;
}
/* und jetzt e_delays und e_val ues extrahieren: */
j =0;

normal i zati onl =normal i zati onr =0. O;
for(i=0;i<early_length;i++)

if (early_ |2I[i]!=0)

e delays_|2I[j]=i;

e_values_l2I[j] earl 21107,
normal i zationl +=early_I2I[i];
j ++;

}
if (j==early_tap_nunm) break;

}
j =0;
for(i=0;i<early_length;i++)
{

if (early_l2r[i]!=0)
e _delays_l2r[j]=i;

e values_l2r[j]=early_l2r[i];
normal i zationr+=early_l2r[i];

j ++;
}
if (j==early_tap_num break;
}
j =0;
for(i=0;i<early_length;i++)
{

if (early_r2l[i]!=0)

{
e delays_r2l[j]=i;
e values r2l[j]l=early r2I[i];
normal i zationl +=early_r2l[i];

j+t;
}
if (j==early_tap_num break;
}
j =0;
for(i=0;i<early_length;i++)
{

if (early_r2r[i]!=0)
e delays_r2r[j]=i;
e_values_r2r[j]l=early_r2r[i];
normal i zati onr+=early_r2r[i];
j ++;

}
if (j==early_tap_num break;
}

/* groessere von bei den nornalizationen verwenden: */
if (normalizationr>normalizationl) normalizationr=nornalizationl;

for (j=0;j<early_tap_numj++)
{

e values_| 21 [j]/=normalizationr;



e values_| 2r[j]/=normalizationr;
e values_r2l[j]/=normalizationr;
e values_r2r[j]/=normalizationr;

/* Ausgeben nur der |2l-Werte fuer schnelles Reverb */
printf("int e_delays[%l]={",early_tap_num;
for (j=0;j<(early_tap_num1l);j++)

printf("%, ",e_delays |2I[j]);
printf("%};\n\n",e_delays_|2I[j]);

printf("float e_values[%]={",early_tap_nun);

for (j=0;j<(early_tap_num1l);j++)
printf("9%0.4f, ",e_values_l2I[j]);

printf("9®.4f};\n\n",e_values_l2I[]]);



ECE320 project: Reverberation w/ parameter control from PC (click this to go back to the index)
References : Posted by Brahim Hamadicharef (project by Hua Zheng and Shobhit Jain)
Linked file : rev.txt (this linked file is included below)

Notes :

rev.asm

ECE320 project: Reverberation w/ parameter control from PC
Hua Zheng and Shobhit Jain

12/02/98 ~ 12/11/98

(se linked file)

Linked files
rev.asm

ECE320 project: Reverberation w paranmeter control fromPC

Hua Zheng and Shobhit Jain
12/02/98 ~ 12/11/98

bugs fi xed

; wong co coefficients

; using current out point to calculate new in point

; 16 changed in set_dl (now changed to r4)

;initialize er delaylines to be 0 causes no output -- program nenory

; periodic pops: getting garbage because external menory is configured to 16k

1
)
1
1
1
1
)
1
)
1
1
1
1

o Initialization

1

SAMPLERATE equ 48
nol i st
i nclude 'core302. asm
list

RESET equ 255 ; serial data reset character

n_paraequ?29 ; nunber of paraneters expected from serial port
del ayl i ne_nunber equ 12

del ay_poi nters equ 24

er _nunber equ 3

co_nunber equ 6

ap_nunber equ 3

orgx: $0

ser_datadsn_para; |location of serial data chunk
del ays ; default rev parameters: delay |ength

dc 967 ; erl $3c7

dc 1867 ; er2 $74b
dc 3359 ; er3 $dif
dc 2399 ; col $95f
dc 2687 ; co2 %$a7f
dc 2927 ; co3 $b6f
dc 3271 ; co4 $cc7
dc 3457 ; co5 $d8s1
dc 3761 ; co6 $ebl

dc 293 ; apl $125

dc 83 ; ap2 $53

dc 29 ; ap3 $1d

coeffs ; default rev paraneters: coefficients
dc0.78 ; erl

dc 0.635 ; er2

dc 0.267 ; er3

;dcO

;dcO

; de O

dc 0. 652149 ; col $7774de

dc 0. 301209

dc 0. 615737 ; co2 $53799%e

dc 0. 334735
dc 0. 586396
dc 0. 362044
dc 0. 546884
dc 0. 399249
dc 0. 525135 ; co5 $4337a0
dc 0. 419943
dc 0. 493653

co3 $4ed078

co4 $4b0f 06

co6 $3f 3006


http://www.musicdsp.org/files/rev.txt

dc 0. 450179

dc 0.2 ; brightness

dc 0.4 ; mx

conbds 6 ; one sanple delay in conb filters
indsl ; input sanple

Ipf ds1 ; one sanple delay in LPF

dl _pds del ay_pointers; delayline in/out pointers

dl _er_| equ$1000 ; nex er delayline | ength 4096/ 48=85. 3ns
dl _co_| equ $1000 ; max co del ayline |ength 85.3ns
dl _ap_| equ$200 ; max ap delayline length 512/48=10.67ns

org p: $1000

dl _erldsmdl _er_| ; erl delayline
dl _er2dsmdl _er_| ; er2 del ayline
dl _er3dsmdl _er_| ; er3 delayline
orgy: $8000

dl _coldsmdl _co_ | ; col del ayline
dl _co2dsmdl _co_| ; co2 del ayline

dl _co3dsmdl _co |
dl _co4 dsmdl _co_| co4 del ayline
dl _co5dsmdl _co_| co5 del ayline
dl _co6dsmdl _co_| ; co6 del ayline
orgy: $F000

dl _apldsmdl _ap_| ; apl del ayline
dl _ap2dsmdl _ap_| ; ap2 del ayline
dl _ap3dsmdl _ap | ; ap3 del ayline

co3 del ayline

Menory usage
; P:$0000 -- $0200core file
; P:$0200 -- $0300 progam

X: $0000 -- $1BFFdata 7168=149.3ns serial data, paraneters, pointers
Y: $0000 -- $1BFFdata 7168=149. 3ns not used

P: $1000 -- $4FFFdata 16384=341. 3ns er (85*3=255n8)

Y: $8000 -- $FFFFdata 32768=682.67ns co( 80*6=480ns) and ap(10*3=30ms)

;X Y:$1000 -- $1BFFreserved for system

Mai n program

org p: $200
mai n

move #0, x0
; nove #dl _er1,r0
; nove #dl _er _|,y0
; do #er _nunber, cl ear _dl _er _| oop
; repy0
novemxO, p: (r0) +
; hop
;clear_dl _er_| oop

nmove #dl _col,r0
nove #dl _co_|,y0
do #co_nunber, cl ear _dl _co_Il oop
repyo
move x0, y: (r0) +
nop
clear_dl _co_l oop

nove #dl _apl,r0
nmove #dl _ap_| ,y0
do #ap_nunber, cl ear _dl _ap_I| oop
repyo
nmove x0, y: (r0) +
nop
cl ear_dl _ap_| oop

nove #conb, r0

rep #co_nunber

move x0, x: (r0)+; init conb filter states
nove #l pf,r0

nmove x0, x: (r0) ; init LPF state



nove #ser _data,r6; incom ng data buffer pointer
nove #(n_para-1), nb

jsrset_dl ; set all delayline pointers

initialize SCl
novep #$0302, x: M_.SCR; R/ T enabl e, INT disable
novep #$006a, x: M_SCCR ; SCP=0, CD=106 (9636 bps)
nmovep #7, x: M_PCRE

Mai n | oop

Regi st er usage

r0: del ayline pointer pointer

rl: coefficients pointer

; r2: conmb filter internal state pointer
r4,r5: used in delayline subroutine

; r6: incomng buffer pointer

; a: output of each segment

mai n_| oop:

nove #dl _p,r0
nmove #coeffs, rl

wai tdatar 3, buflen, 1
nmove x: (r3) +, a
nove a, x: <in ; save input sanple for mx

; Early reflection

temp = in;
for (int i=0; i<earlyRefNum i++)

in = delayLi neEarlyRef[c][i]->tick(in);
tenp += earlyRef Coeff[i] * in;
)

;return tenp;

novea,b ; b=tenp=in

nove #(dl _er_|-1),n6

do #er _nunber, er _| oop

jsruse_dl _er

move a,y0 ; yO=a=in (del ayline out)
move x: (r1)+, x0 ; xO0=coeff

mac x0,y0,b ; b=tenp
er | oop

asr #2,b, a

nove b, a

;float templ = 0., tenp2;
; for (int i=0; i<conmbNum i++)

{
; tenp2 = del ayLineConb[c][i]->tick
;o (in + combCoeff[i] * conmbLastQut[c][i]);
; conbLastQut[c][i] = tenp2+conbDanp[i]*conbLastQut[c][i];
; tenpl += tenp2;

Y
; return tenmpl / float(combNum;

nove #conb, r 2

nove a, yl

clrb

nmove #(dl _co_I-1),n6

do #co_nunber, co_l oop
moveyl,a ; a=in

move x: (r1) +,x0 ; xO0=coeff
move x: (r2),y0 ; yO0=l ast out
mac x0, y0,ax: (r1)+, x0; x0=danp
j sr use_dl

nmove a, x1 ; a=x1=tenp2

mac x0, y0,a ; a=l astout
nove a, x: (r2) +

add x1,b ; b=tenpl

co_l oop

; asr #2, b, a

nove b, a



float tenmpl, tenp2;
for (int i=0; i<allPassNunm i++)

; tenpl = del ayLineAll Pass[c][i]->lastCut();
; tenp2 = all PassCoeff[i] * (in - tenpl);

; del ayLineAll Pass[c][i]->tick(in + tenp2);
; in = tenpl + tenmp2;

) _
;return in;
move #1, n0

nmove #0. 7, x1
nmove #(dl _ap_I-1), n6
do #ap_nunber, ap_| oop
nmovey: (r0+n0), x0; x0=tenpl
subx0,a ; a=in-tenpl
nmove a, y0
mpy x1,y0,b ; b=tenp2
add b,a ; a=i n+tenp2
j sr use_dl
add x0,b ; b=tenpl+tenp2
move b,a ; a=in
ap_|l oop

; lastout = lastout + BW* (in - lastout);
nove x: <l pf, b

subb,a x:(rl)+,x0; a=in-lastout, xO=bri
nove a, yo0

mpy x0, y0, a

add b, a

nove a, x: <l pf

;out = (1-mix)*in + mx*out =in + mx * (out - in);
nmove x: <in,y0 ; yO=in

suby0,a x:(rl1)+,x0; a=out-in, x0=m X

nmovea,yl ; yl=out-in

mpy x0,y1,by0,a ; b=mx*(out-in), a=in

add b, a

Spit out
‘rmvea,y: (r3)+
nove a, y: (r3)+
nmove (r3) +

; Get paraneters and reformat them

’j clr #2,x: M.SSR, mai n_l oop ; do nothing if no new data arrived
movep X: M SRXL,a ; get next 8-bit word from SCl

cnp #RESET, a
jeqreformat _data ; if it's RESET, then refornmat data

nove a, x: (r6)+ ; save one incoming data for later reformatting
j mp mai n_I oop

ref or mat _dat a:

; order of parameters:

; erl delay, erl coeff, er2 ..., er3 ...

; col delay, coeff_c, coeff_d, co2 ... , ... , cob6
; apl del ay, ap2, ap3

; brightness

;om X

nove #ser _data, ro0

nove #del ays, rl

nmove #coeffs, r2

do #3, format _er _| oop



move x: (r0)+,a ; er del ay
asr #20, a, a
; max del ay 4096=2"12, max val ue 256=278, scal e 256/ 4096=2"-4
nove a0, x: (rl)+
move x: (r0)+,a ; er coeff
asr #9, a, a
nmove a0, x: (r2)+
format _er_| oop

nove #>$000001, x0

do #6, format _co_I| oop

nmove x: (r0)+,a ; co del ay
asr #20,a,a ; max delay 4096=2"12
nmove a0, al

;try this: asl #4,a,a

or x0, a

move al, x: (rl)+

move x: (r0)+,a ; co coeff
asr #9, a, a

nove a0, x: (r2) +

move x: (r0)+,a ; co danping
asr #9, a, a

nmove a0, x: (r2) +

format _co_| oop

do #3, format _ap_| oop
move x: (r0)+,a ; ap del ay
asr #23,a,a ; max del ay 528=2"9
nove a0, al
or x0, a
move al, x: (rl)+
format _ap_| oop

j sr set_dl

nove x: (r0)+,a ; brightness
asr #9, a, a

nmove a0, x: (r2) +
nove x: (r0)+,a ; mx

asr #9,a, a

nmove a0, x: (r2) +

j mp mai n_I oop

; Set all delayline length subroutine

; I'N: not hing

; QUT: out poi nter UNCHANGED

; in pointer = out + length e.g. (#(dl _p+3))=(#(dl _p+4))+x:(r4)
; rd4=r4+1: next delay length

set _dl:

nmove #(dl _p+1),r5; first out pointer
nove #dl _erl,r4
mover4, x:(r5)+ ; initial out point=delayline starting address
nove (r5) +

nmove #dl _er2,r4
nover4, x: (r5)+
nmove (r5) +

nmove #dl _er3,r4
nmover4, x: (r5)+
nmove (r5) +

nove #dl _col,r4
nmover4, x: (r5) +
nove (r5) +

nove #dl _co2,r4
nover4, x: (r5)+
nmove (r5) +

nmove #dl _co3,r4
nover4, x: (r5)+
nmove (r5) +

nove #dl _co4,r4
nmover4, x: (r5) +
nove (r5) +

nove #dl _co5,r4
nmover4, x: (r5)+
nmove (r5) +

nmove #dl _co6,r4
nmover4, x: (r5)+
nmove (r5) +

nove #dl _apl,r4
nover4, x: (r5)+



nmove (r5) +
nove #dl _ap2,r4
nover4, x: (r5)+
nove (r5) +
nove #dl _ap3,r4
nmover4, x: (r5) +
nmove (r5) +

nove #del ays,r4 ; delayline length
nmove #(dl _p+1),r5; first out pointer
nove #2, n5

do #del ayl i ne_nunber, set _dl _| oop
move x: (r4)+,x0 ; x0=length

move x: (r5)-,a ; a=out pointer

add x0, a

nmove a, x: (r5)+ ; in=out+length
nmove (r5)+n5 ; next out pointer
set _dl _| oop

rts

Access del ayl i ne subroutine
; IN:in and out pointers in r4,r5
nmodul o (del ayline I ength-1) in n6
i nput sanple in a
; QUT: in and out pointers nodul o increnented

; inputs[inPoint++] = sanple;

; inPoint &= | engthmt;

; last Qut put = i nput s[out Poi nt ++] ;

; out Point &= | engthni;

; return | astQutput;

use_dl :

nove n6, mt

nove n6, nb

move x: (r0)+,r4; in point

move x: (r0)-,r5; out point

nmove a,y:(r4)+; queue in

novey: (r5)+, a; queue out

nmover4, x: (rQ0)+; nodulo increnmented in point
mover5, x: (r0)+; nodul o i ncremented out point
rts

; output sanple in a

use_dl _er: ; using P nenory

nove n6, m

move n6, nb

move x: (r0)+,r4; in point

move x: (r0)-,r5; out point

novema, p: (r4)+; queue in

novemp: (r5) +, a; queue out

nover4, x: (r0)+; nodulusly increnmented in point
nmover5, x: (r0)+; nodulusly increnented out point
rts



Guitar feedback (click this to go back to the index)

References : Posted by Sean Costello

Notes :
It is fairly simple to simulate guitar feedback with a simple Karplus-Strong algorithm (this was described in a CMJ article in the early 90's):

Code :

Run the output of the Karplus-Strong delay lines into a nonlinear shaping function for distortion (i.e. 6
parallel delay lines for 6 strings, going into 1 nonlinear shaping function that sinulates an overdriven
anplifier, fuzzbox, etc.);

Run part of the output into a delay line, to sinmulate the distance fromthe anplifier to the "strings";

The delay |line feeds back into the Karplus-Strong delay lines. By controlling the amount of the output fed
into the delay line, and the length of the delay |ine, you can control the intensity and pitch of the feedback
not e.

Comments
from : ignatz@webmail.co.za
comment : any C snippet code ???

thx



Lo-Fi Crusher (click this to go back to the index)

Type : Quantizer / Decimator with smooth control
References : Posted by David Lowenfels

Notes :
Yet another bitcrusher algorithm. But this one has smooth parameter control.

Normfreq goes from 0 to 1.0; (freq/samplerate)
Input is assumed to be between 0 and 1.
Output gain is greater than unity when bits < 1.0;

Code :

function output = crusher( input, nornfreq, bits );
step = 1/27(bits);
phasor = O;
last = 0;

for i = 1:length(input)
phasor = phasor + nornfregq;
if (phasor >= 1.0)
phasor = phasor - 1.0;
last = step * floor( input(i)/step + 0.5 ); %uantize
end
output(i) = last; %anple and hold
end
end



Most simple and smooth feedback delay (click this to go back to the index)

Type : Feedback delay
References : Posted by antiprosynthesis[AT]hotmail[DOT]com

Notes :
fDlyTime = delay time parameter (0-1)

i = input index
j = delay index

if( i >= SanpleRate )
L

=0
j =i - (fDyTime * Sanpl eRate);

if(j <0)
j += Sanpl eRat e;

Qutput = DiyBuffer[ i++ ] = Input + (DyBuffer[ j ] * fFeedback);

Comments
from : antiprosynthesis@hotmail.com
comment : This algo didn't seem to work on testing again, just change:

Output = DlyBuffer[ i++ ] = Input + (DlyBuffer[ j ] * fFreedback);

to

Output = DlyBuffer[ i ] = Input + (DlyBuffer[ j ] * fFeedback);

i++;

i

and it will work fine.

from : antiprosynthesis@hotmail.com

comment : Here's a more clear source. both BufferSize and MaxDlyTime are amounts of samples. BufferSize should best be 2*MaxDlyTime to have
proper sound.

if(i >= BufferSize )
i=0;

j=i- (fDlyTime * MaxDlyTime);

if(j<0)
j += BufferSize;

Output = DlyBuffer[ i ] = Input + (DlyBuffer[ j ] * fFreedback);

i++;



Most simple static delay (click this to go back to the index)

Type : Static delay

References : Posted by antiprosynthesis[AT]hotmail[DOT]com

Notes :

This is the most simple static delay (just delays the input sound an amount of samples). Very useful for newbies also probably very easy to change in
a feedback delay (for comb filters for example).

Note: fDlyTime is the delay time parameter (0 to 1)

i = input index
j = output index

if( i >= SanpleRate )

=0
DiyBuffer[ i ] = Input;
j =i - (fDyTinme * Sanpl eRate);

if(j <0)
j Sanpl eRate + j;

Qutput = DiyBuffer[ j 1;

Comments
from : antiprosynthesis@hotmail.com
comment : Another note: The delay time will be O if fDlyTime is O or 1.

from : anonymous@fake.org
comment : | think you should be careful with mixing floats and integers that way (error-prone, slow float-to-int conversions, etc).

This should also work (haven't checked, not best way of doing it):
... (initializing) ..

float numSecondsDelay = 0.3f;
int numSamplesDelay_ = (int)(numSecondsDelay * sampleRate); // maybe want to round to an integer instead of truncating..

float *buffer_ = new float[2*numSamplesDelay];

for (inti=0;i<numSamplesDelay_; ++i)
buffer_[i] = 0.f;

int readPtr_ = 0;

int writePtr_ = numSamplesDelay_;

... (processing) ...

for (i = each sample)

buffer_[writePtr_] = input][i];
output[i] = buffer_[readPtr_];

++writePtr_;
if (writePtr_ >= 2*numSamplesDelay )
writePtr_ = 0;

++readPtr_;
if (readPtr_ >= 2*numSamplesDelay )
readPtr_ = 0;
}



Parallel combs delay calculation (click this to go back to the index)

References : Posted by Juhana Sadeharju ( kouhia[AT]nic[DOT]funet[DOT]fi )

Notes :

This formula can be found from a patent related to parallel combs structure. The formula places the first echoes coming out of parallel combs to
uniformly distributed sequence. If T_,...,T_n are the delay lines in increasing order, the formula can be derived by setting T_(k-1)/T_k = Constant and
T_n/(2*T_1) = Constant, where 2*T_1 is the echo coming just after the echo T_n.

| figured this out myself as it is not told in the patent. The formula is not the best which one can come up. | use a search method to find echo
sequences which are uniform enough for long enough time. The formula is uniform for a short time only.

The formula doesn't work good for series allpass and FDN structures, for which a similar formula can be derived with the same idea. The search
method works for these structures as well.




Phaser code (click this to go back to the index)

References : Posted by Ross Bencina
Linked file : phaser.cpp (this linked file is included below)

Notes :
(see linked file)

Comments
from : dj_ikke@hotmail.com
comment : What range should be the float parameter of the Update function? From -1 to 1, 0 to 1 or -32768 to 327677

from : rossb@audiomulch.com
comment : It doesn't matter what the range of the parameter to the Update function is. Usually in a floating point signal chain you would use -1 to
1,but anything else will work just as well.

from : askywhale @free.fr
comment : Please what is the usual range of frequencies ?

Li nked files

/*

Date: Mon, 24 Aug 1998 07:02:40 -0700
Repl y- To: nmnusic-dsp

Oiginator: music-dsp@hoko. cal arts. edu
Sender: nusi c-dsp

Precedence: bul k

From "Ross Benci na" <rbenci na@otngil.con
To: Multiple recipients of |ist <nusic-dsp>
Subj ect: Re: Phaser revisited [code included]
X-Comment: Misic Hackers Unite! http://shoko. cal arts. edu/ ~gl nrboy/ musi cdsp/ nusi c- dsp. ht n
Status: RO

H agai n,

Thanks to Chris Towsend and Marc Lindahl for their helpfu
contributions. | now have a working phaser and it sounds great! It seens
ny main error was using a 'sub-sanpled all-pass reverberator instead of
a single sanple all-pass filter [what was | thinking? :)].

I have included a working prototype (C++) bel ow for anyone who is
interested. My only remaining doubt is whether the conversion from
frequency to delay tinme [ _dmin = fMn / (SR 2.f); ] makes any sense
what - so- ever.

Ross B.

*/

/*
cl ass: Phaser
i mpl enented by: Ross Benci na <rossb@agi.conp
date: 24/8/98

Phaser is a six stage phase shifter, intended to reproduce the
sound of a traditional anal ogue phaser effect.

This inplenentation uses six first order all-pass filters in
series, with delay tinme nodul ated by a sinusoi dal

This inplenentation was created to be clear, not efficient.
Oovi ous nodifications include using a table | ookup for the |fo,
not updating the filter delay times every sanple, and not
tuning all of the filters to the same delay tine.

Thanks to:
The nice folks on the nusic-dsp mailing list, including..
Chris Towsend and Marc Lindahl

...and Scott Lehrman's Phase Shifting page at harnony central
http://ww. har nony-central . conl Ef fects/ Articl es/ Phase_Shi fting/

*/

#define SR (44100.f) //sanple rate
#define F_Pl (3.14159f)

cl ass Phaser{

public:

Phaser() //initialise to sone usefull defaults..
oo _fb( . 7f
, _IfoPhase( 0.f )
, _depth( 1.f )


http://www.musicdsp.org/files/phaser.cpp

, _zml( O.f )

{
Range( 440.f, 1600.f );
Rate( .5f );

void Range( float fMn, float fMax ){ // Hz
_dmin =fMn / (SR 2.f);

_dmax = fMax / (SR 2.f);
}

void Rate( float rate ){ // cps
_Ifolnc = 2.f * F. Pl * (rate / SR);

}

voi d Feedback( float fb ){ // 0 -> <Ll.
_fb = fb;

}

void Depth( float depth ){ // 0 -> 1.
_depth = depth;

float Update( float inSamp ){
[/ cal cul ate and update phaser sweep |fo...
float d = _dmin + (_dmax-_dmin) * ((sin( _IfoPhase ) +
1.f)/2.1);
_I foPhase += _Ifolnc;
if( _IfoPhase >= F_PI * 2.f )
_IfoPhase -= F_PI * 2.f;

/lupdate filter coeffs
for( int i=0; i<6; i++)
_alps[i].Delay( d);

// cal cul at e out put
float y = _al ps[0]. Updat e(
_al ps[1] . Updat e(
_al ps[ 2] . Updat e(
_al ps[ 3] . Updat e(
_al ps[ 4] . Updat e(
_al ps[5].Update( inSanmp + _zmlL * fb ))))));

_zml =y;
return inSanp +y * _depth;
}
private:
cl ass Al |l passDel ay{
public:
Al | passDel ay()
:_al( 0.f )
, _zml( O0.f )
{}
void Delay( float delay ){ //sanple delay tinme
_al = (1.f - delay) / (1.f + delay);
}
float Update( float inSanmp ){
float y = inSamp * -_al + _zml;
_zml =y * _al + inSanp;
return y;
o}
private:
float _al, _zmi,;
b

Al | passDel ay _al ps[6];

float _dmin, _dnmax; //range
float fb; //feedback

float _I|foPhase;

float _I|folnc;

float _depth;

float _znmi;



Reverberation Algorithms in Matlab (click this to go back to the index)
References : Posted by Gautham J. Mysore (gauthamjm [AT] yahoo [DOT] com)

Linked file : MATLABReverb.zip

Notes :
These M-files implement a few reverberation algorithms (based on Schroeder's and Moorer's algorithms). Each of the M-files include a short
description.

There are 5 M-files that implement reverberation. They are:

- schroederl.m
- schroeder2.m
- schroeder3.m
- moorer.m

- stereoverb.m

The remaining 8 M-files implement filters, delay lines etc. Most of these are used in the above M-files. They can also be used as building blocks for
other reverberation algorithms.

Comments
from : brewjinm@aol.com
comment : StereoVerb is the name of an old car stereo "enhancer" from way back. | was just trying to find it's roots.


http://www.musicdsp.org/files/MATLABReverb.zip

Reverberation techniques (click this to go back to the index)

References : Posted by Sean Costello

Notes :
* Parallel comb filters, followed by series allpass filters. This was the original design by Schroeder, and was extended by Moorer. Has a VERY metallic
sound for sharp transients.

* Several allpass filters in serie (also proposed by Schroeder). Also suffers from metallic sound.
* 2nd-order comb and allpass filters (described by Moorer). Not supposed to give much of an advantage over first order sections.
* Nested allpass filters, where an allpass filter will replace the delay line in another allpass filter. Pioneered by Gardner. Haven't heard the results.

* Strange allpass amp delay line based structure in Jon Dattorro article (JAES). Four allpass filters are used as an input to a cool "figure-8"
feedback loop, where four allpass reverberators are used in series with

a few delay lines. Outputs derived from various taps in structure. Supposedly based on a Lexicon reverb design. Modulating delay lines are used in
some of the allpass structures to "spread out" the eigentones.

* Feedback Delay Networks. Pioneered by Puckette/Stautner, with Jot conducting extensive recent research. Sound VERY good, based on initial
experiments. Modulating delay lines and feedback matrixes used to spread out eigentones.

* Waveguide-based reverbs, where the reverb structure is based upon the junction of many waveguides. Julius Smith developed these. Recently,
these have been shown to be essentially equivalent to the feedback delay network reverbs. Also sound very nice. Modulating delay lines and
scattering values used to spread out eigentones.

* Convolution-based reverbs, where the sound to be reverbed is convolved with the impulse response of a room, or with exponentially-decaying white
noise. Supposedly the best sound, but very computationally expensive, and not very flexible.

* FIR-based reverbs. Essentially the same as convolution. Probably not used, but shorter FIR filters are probably used in combination with many of the
above techniques, to provide early reflections.



smsPitchScale Source Code (click this to go back to the index)

Type : Pitch Scaling (often incorrectly referred to as "Pitch Shifting") using the Fourier transform

References : Posted by sms[AT]dspdimension.com

Linked file : http://www.dspdimension.com

Code :
See above web site

Comments
from : chinagreatman@2163.net
comment : Hi:
Not Bad.


http://www.dspdimension.com

Soft saturation (click this to go back to the index)
Type : waveshaper
References : Posted by Bram de Jong

Notes :
This only works for positive values of x. a should be in the range 0..1

Code :
X < a:
f(x) =x
X > a:
f(x) =a+ (x-a)/(1+((x-a)/(1l-a))"2)
x > 1:

(a+1)/2

f(x)



Time compression-expansion using standard phase vocoder (click this to go back to the index)
Type : vocoder phase time stretching

References : Posted by Cournape

Linked file : vocoder.m (this linked file is included below)

Notes :

Standard phase vocoder. For imporved techniques ( faster ), see paper of Laroche : "Improved phase vocoder time-scale modification of
audio"

Laroche, J.; Dolson, M.

Speech and Audio Processing, IEEE Transactions on , Volume: 7 Issue: 3 , May 1999

Page(s): 323 -332

Comments
from : dsp[at]rymix.net
comment : Anyone know what language this is in? It really would be nice to understand the syntax.

from : null@null.null
comment : It's matlab code see <a href="http://www.mathworks.com/">mathworks</a>.
/Daniel

from : dsp@rymix.net
comment : thanks =)

from : ericlee280.at.hotmail.com
comment : The code seems to contain an undefined variable Iss_frame, can someone explain what this is?

from : yyc@cad.el.yuntech.edu.tw
comment : The code seems to contain an undefined variable Iss_frame, can someone explain what this is?
from : cournape[at]enst[dot]fr
comment : There is indeed an error in the script. | will post the correction to the administrator.
For now, here is the correction. You have to replace
Iss_frame by Ls (' which is properly defined before the main loop in the script which is online ). When | checked the code, there can be also some out

of range error for the output vector : a change in the max variable definition seems to solve the problem ( at least for overlapp below 0.75 ).

replace max = (nb_frame-2)*La+Nfft
by  max = (nb_frame)*La+Nfft.

Linked files
function [S] = vocoder (E, Nfft, over, al pha)

% Phase vocoder tinme-scaling :

%- E : input vector
% - Nfft : size per frame
% - over : overlapp ( between 0 et 1)

% - al pha : tinme-expansion/conpression factor ( alpha < 1 : conpression; alpha > 1 : expansion ).
%

% 30. 11. 02. Cour napeau Davi d.

%

% Ti me expansi on using standart phase vocoder techni que. Based on Dol son and Laroche's paper

% " NEW PHASE- VOCODER TECHNI QUES FOR PI TCH SHI FTI NG HARMONI ZI NG AND

% OTHER EXOTI C EFFECTS", in

% %
% The synthesis signal's length isn't exactly al pha*input's length. %
Y %

% Verifiy the overl app

if( over <0 | over >= 1)
error('error : overlapp nust be between 0 and 1');
end;

if ( alpha <= 0)
error('al pha nust be strictly positive');

end;

E = E(:);

N = length(E);

Nfft = 2°(next pow2(Nfft));


http://www.musicdsp.org/files/vocoder.m

% Conputi ng vocoder's paraneters :
: nunber of sanples to "advance" for each ananysis frane :

nb_franes : nunber of frames to conpute
: nunber of sanples ot "advance" for each synthesis franme :

Sis the result vector
hanni ng wi ndow

floor((1-over) * Nfft);
= floor ((N-Nfft) / La);

= (nb_franmes-2)*La + Nfft;

% - La
9% -

% - Ls
%- S
% - h
La
nb_franes
max
I's

S

h

= floor(al pha * La);

zeros(fl oor(max*al pha), 1);
hanni ng(Nfft);

% I nit process :

X
tX

Phi s1
Phi al

h.

*E(1:NFft);

fEe(X Nift);

angl e(t X)
Phi s1;

for loop=2:nb_franmes-1

Xi

end;

anal ysi s hop si ze.

synthesi s hop si ze.

%

% ( classic analysis part of a phase vocoder )

% Take a frane, and wi ndowing it

X = h.*E((loop-1) * La + 1:(loop-1)*La + Nfft);

% Xl

tX

is the anplitude spectrum and Phia2 the phase spectrum
= fft(X Nift);
abs(tX);

Phi a2 = angl e(tX);

%

%t he

% One

onega
onega
Phi s2

% The

Phi s1
Phi al

0%

part which actually does the tine scaling

conpute the actual pulsations, and shift them The tricky part

nmod( (Phia2-Phial)-2*pi *([0: Nfft-1].")/Nfft
2 * pi * ([O:NfFft-1].") / Nfft + onega / La;
Phisl + | ss_frame*onega;

new phases val ues

Phi s2;
Phi a2;

* La + pi,

2*pi)

s here...

pi ;

(¢

% Synthetise the frame,

% (

tfs
Xr

classic synthetisis part of a phase vocoder )

Xi . *exp(j *Phis2);
real (ifft(tfs)).*h;

% over | app-add the synthetised frame Xr

S((l oop-1)*Iss_frame+l: (Il oop-1)*Iss_frame+Nfft) ...
= S((loop-1)*Iss_frame+l: (| oop-1)*Iss_frane+Nfft) + Xr;

thanks to the computed phase and anplitude spectrum:



Variable-hardness clipping function (click this to go back to the index)
References : Posted by Laurent de Soras <laurent@ohmforce.com>
Linked file : laurent.qgif

Notes :
k >= 1 is the "clipping hardness". 1 gives a smooth clipping, and a high value gives hardclipping.

Don't set k too high, because the formula use the pow() function, which use exp() and would overflow easily. 100 seems to be a reasonable value for

"hardclipping"

Code :
(x) = sign (x) * pow (atan (pow (abs (x), k)), (1 / k));

—

Comments
from : antiprosynthesis@hotmail.com
comment : Use this function instead of atan and see performance increase drastically :)

inline double fastatan( double x )

{
return (x / (1.0 + 0.28 * (x * x)));
}


http://www.musicdsp.org/files/laurent.gif

WaveShaper (click this to go back to the index)

Type : waveshaper
References : Posted by Bram de Jong

Notes :

where x (in [-1..1] will be distorted and a is a distortion parameter that goes from 1 to infinity
The equation is valid for positive and negativ values.

If ais 1, it results in a slight distortion and with bigger a's the signal get's more funky.

A good thing about the shaper is that feeding it with bigger-than-one
values, doesn't create strange fx. The maximum this function will reach is
1.2 for a=1.

Code :
f(x,a) = x*(abs(x) + a)/(x"2 + (a-1)*abs(x) + 1)




Waveshaper (click this to go back to the index)

Type : waveshaper
References : Posted by Jon Watte

Notes :

A favourite of mine is using a sin() function instead.

This will have the "unfortunate” side effect of removing

odd harmonics if you take it to the extreme: a triangle

wave gets mapped to a pure sine wave.

This will work with a going from .1 or so to a= 5 and bigger!
The mathematical limits for a = 0 actually turns it into a linear
function at that point, but unfortunately FPUs aren't that good
with calculus :-) Once a goes above 1, you start getting clipping
in addition to the "soft" wave shaping. It starts getting into
more of an effect and less of a mastering tool, though :-)

Seeing as this is just various forms of wave shaping, you
could do it all with a look-up table, too. In my version, that would
get rid of the somewhat-expensive sin() function.

Code :
(input: a == "overdrive anmount")

MPI * a;
1/sin(z)
1/ a

2]
I



Waveshaper (click this to go back to the index)

References : Posted by Partice Tarrabia and Bram de Jong

Notes :
amount should be in [-1..1] Plot it and stand back in astonishment! ;)

Code :

X =input in [-1..1]

y = out put

k = 2*amount/ (1- anount);

f(x) = (1+k)*x/ (1+k*abs(x))

Comments

from : kaleja@estarcion.com

comment : | haven't compared this to the other waveshapers, but its behavior with input outside the [-1..1] range is interesting. With a relatively
moderate shaping amounts which don't distort in-range signals severely, it damps extremely out-of-range signals fairly hard, e.g. x = 100, k = 0.1
yields y = 5.26; as x goes to infinity, y approaches 5.5. This might come in handy to control nonlinear processes which would otherwise be prone to
computational blowup.



Waveshaper (simple description) (click this to go back to the index)

Type : Polynomial; Distortion
References : Posted by Jon Watte

Notes :
> The other question; what's a 'waveshaper' algorithm. Is it simply another
> word for distortion?

A typical "waveshaper" is some function which takes an input sample value
X and transforms it to an output sample X'. A typical implementation would
be a look-up table of some number of points, and some level of interpolation
between those points (say, cubic). When people talk about a wave shaper,
this is most often what they mean. Note that a wave shaper, as opposed to a
filter, does not have any state. The mapping from X -> X' is stateless.

Some wave shapers are implemented as polynomials, or using other math
functions. Hard clipping is a wave shaper implemented using the min() and
max() functions (or the three-argument clamp() function, which is the same
thing). A very mellow and musical-sounding distortion is implemented using
a third-degree polynomial; something like X' = (3/2)X - (1/2)X"3. The nice
thing with polynomial wave shapers is that you know that the maximum they
will expand bandwidth is their order. Thus, you need to oversample 3x to
make sure that a third-degree polynomial is aliasing free. With a lookup
table based wave shaper, you don't know this (unless you treat an N-point
table as an N-point polynomial :-)

Code :
float waveshape_ distort( float in ) {
return 1.5f * in - 0.5f * in *in * in;

}

(0]




Waveshaper :: Gloubi-boulga (click this to go back to the index)

References : Laurent de Soras on IRC

Z

otes :
ultiply input by gain before processing

7]

<

o

de :

const double x = input * 0.686306;

const double a =1 + exp (sqrt (fabs (x)) * -0.75);
output = (exp (x) - exp (-x * a)) / (exp (x) + exp (-x));




16-to-8-bit first-order dither (click this to go back to the index)

Type : First order error feedforward dithering code
References : Posted by Jon Watte

Notes :
This is about as simple a dithering algorithm as you can implement, but it's likely to sound better than just truncating to N bits.

Note that you might not want to carry forward the full difference for infinity. It's probably likely that the worst performance hit comes from the saturation
conditionals, which can be avoided with appropriate instructions on many DSPs and integer SIMD type instructions, or CMOV.

Last, if sound quality is paramount (such as when going from > 16 bits to 16 bits) you probably want to use a higher-order dither function found
elsewhere on this site.

o

d

e :
/1 This code will down-convert and dither a 16-bit signed short
/1 mono signal into an 8-bit unsigned char signal, using a first
/1 order forward-feeding error termdither.

#defi ne uchar unsigned char

voi d dither_one_channel _16_to_8( short * input, uchar * output, int count, int * menory )

{
int m= *nenory;
whil e( count-- > 0)

int i = *input++;

i +=m

int j =i + 32768 - 128;
uchar o;

if(j <0){
o = 0;

else if( j > 65535 ) {
o = 255;

el se {

o = (uchar) ((j>>8) &0xff);

m= ((j-32768+128)-i);
*out put ++ = 0;

*menory = m



3rd order Spline interpollation (click this to go back to the index)

References : Posted by Dave from Muon Software, originally from Josh Scholar

Notes :

(from Joshua Scholar about Spline interpollation in general...)

According to sampling theory, a perfect interpolation could be found by replacing each sample with a sinc function centered on that sample, ringing at
your target nyquest frequency, and at each target point you just sum all of contributions from the sinc functions of every single point in source.

The sinc function has ringing that dies away very slowly, so each target sample will have to have contributions from a large neighborhood of source
samples. Luckily, by definition the sinc function is bandwidth limited, so once we have a source that is prefilitered for our target nyquest frequency and
reasonably oversampled relative to our nyquest frequency, ordinary interpolation techniques are quite fruitful even though they would be pretty useless
if we hadn't oversampled.

We want an interpolation routine that at very least has the following characteristics:

1. Obviously it's continuous. But since finite differencing a signal (I don't really know about true differentiation) is equivalent to a low frequency
attenuator that drops only about 6 dB per octave, continuity at the higher derivatives is important too.

2. It has to be stiff enough to find peaks when our oversampling missed them. This is where what | said about the combination the sinc function's
limited bandwidth and oversampling making interpolation possible comes into play.

I've read some papers on splines, but most stuff on splines relates to graphics and uses a control point descriptions that is completely irrelevant to our
sort of interpolation. In reading this stuff | quickly came to the conclusion that splines:

1. Are just piecewise functions made of polynomials designed to have some higher order continuity at the transition points.

2. Splines are highly arbitrary, because you can choose arbitrary derivatives (to any order) at each transition. Of course the more you specify the
higher order the polynomials will be.

3. | already know enough about polynomials to construct any sort of spline. A polynomial through 'n' points with a derivative specified at 'm[1]' points
and second derivatives specified at 'm[2]' points etc. will be a polynomial of the order n-1+m[1]+m[2]...

A way to construct third order splines (that admittedly doesn't help you construct higher order splines), is to linear interpolate between two parabolas.
At each point (they are called knots) you have a parabola going through that point, the previous and the next point. Between each point you linearly
interpolate between the polynomials for each point. This may help you imagine splines.

As a starting point | used a polynomial through 5 points for each knot and used MuPad (a free Mathematica like program) to derive a polynomial going
through two points (knots) where at each point it has the same first two derivatives as a 4th order polynomial through the surrounding 5 points. My
intuition was that basing it on polynomials through 3 points wouldn't be enough of a neighborhood to get good continuity. When | tested it, | found that
not only did basing it on 5 point polynomials do much better than basing it on 3 point ones, but that 7 point ones did nearly as badly as 3 point ones. 5
points seems to be a sweet spot.

However, | could have set the derivatives to a nearly arbitrary values - basing the values on those of polynomials through the surrounding points was
just a guess.

I've read that the math of sampling theory has different interpretation to the sinc function one where you could upsample by making a polynomial
through every point at the same order as the number of points and this would give you the same answer as sinc function interpolation (but this only
converges perfectly when there are an infinite number of points). Your head is probably spinning right now - the only point of mentioning that is to point
out that perfect interpolation is exactly as stiff as a polynomial through the target points of the same order as the number of target points.

Code :

/linterpol ates between LO and HO taking the previous (L1) and next (Hl)
points into account

inline float Thirdlnterp(const float x,const float L1, const float LO,const
float HO, const float Hl)

{

return

LO +

. 5f*

x*(HO-L1 +

x*(HO + LO*(-2) + L1 +
x*( (HO - LO)*9 + (L1 - H1)*3 +
x*((LO - H0)*15 + (HL - L1)*5 +
X*((HO - LO)*6 + (L1 - H1)*2)))));

}
Comments

from : a@a.com
comment : What is x ?

from : mike_rawes@ku.oc.oohay
comment : The samples being interpolated represent the wave amplitude at a particular instant of time, T - an impulse train. So each sample is the
amplitude at T=0,1,2,3 etc.

The purpose of interpolation is to determine the amplitude, a, for an arbitrary t, where t is any real number:

<-X->

x =t-T(pO)



myk
from : mike_rawes@ku.oc.oohay
comment : Dang! My nice diagram had its spacing stolen, and it now makes no sense!

pl, p0, nO, nl are supposed to line up with 0,1,2,3 respectively. a is supposed to line up with the t. And finally, <-x-> spans between 1 and t.

myk

from : fcanessa@terra.cl
comment : 1.- What is 5f ?

2.- How | can test this procedure?.

Thank you

from : joshscholar_REMOVE_THIS@yahoo.com
comment : This is years later. but just in case anyone has the same problem as fcanessa... In C or C++ you can append an 'f' to a number to make
it single precision, so .5f is the same as .5



5-point spline interpollation (click this to go back to the index)

Type : interpollation

References : Joshua Scholar, posted by David Waugh

Code :

/I nMask = sizeofwavetabl e-1 where si zeofwavetable is a power of two.
doubl e interpol at e(doubl e* wavetabl e, int nMask, double |ocation)

{

/* 5-point spline*/

int nearest_sanple = (int) |ocation;
doubl e x = location - (double) nearest_sanple;

doubl e pO=wavet abl e[ (near est _sanpl e- 2) & Mask] ;
doubl e pl=wavet abl e[ (near est _sanpl e- 1) & Mask] ;
doubl e p2=wavet abl e[ near est _sanpl e] ;

doubl e p3=wavet abl e[ (near est _sanpl e+1) & Mask] ;
doubl e p4=wavet abl e[ (near est _sanpl e+2) & Mask] ;
doubl e p5=wavet abl e[ ( near est _sanpl e+3) & Mask] ;

return p2 + 0.04166666666*x*( (p3-pl)*16. 0+(p0-p4)*2.0

+ x *((p3+pl)*16. 0- p0- p2*30. 0- p4
+ X *(p3*66.0-p2*70. 0- p4*33. 0+p1*39. 0+ p5*7.0- p0*9.0
+ x *( p2*126.0-p3*124. 0+p4*61. 0- p1*64. 0- p5*12. 0+p0*13.0
+ X *((p3-p2) *50. 0+(pl-p4)*25. 0+(p5-p0)*5.0)))))

}

Comments

from : joshscholarREMOVETHIS@yahoo.com
comment : The code works much better if you oversample before interpolating. If you oversample enough (maybe 4 to 6 times oversampling) then
the results are audiophile quality.



Allocating aligned memory (click this to go back to the index)

Type : memory allocation
References : Posted by Benno Senoner

Notes :

we waste up to align_size + sizeof(int) bytes when we alloc a memory area.

We store the aligned_ptr - unaligned_ptr delta in an int located before the aligned area.

This is needed for the free() routine since we need to free all the memory not only the aligned area.
You have to use aligned_free() to free the memory allocated with aligned_malloc() !

Code :
/* align_size has to be a power of two !! */
voi d *aligned_nalloc(size_t size, size_t align_size) {

char *ptr,*ptr2,*aligned_ptr;
int align_mask = align_size - 1;

ptr=(char *)malloc(size + align_size + sizeof(int));
i f(ptr==NULL) return(NULL);

ptr2 = ptr + sizeof(int);

aligned_ptr = ptr2 + (align_size - ((size_t)ptr2 & align_mask));
ptr2 = aligned_ptr - sizeof(int);

*((int *)ptr2)=(int)(aligned_ptr - ptr);

return(aligned_ptr);

}
void aligned_free(void *ptr) {
int *ptr2=(int *)ptr - 1;

ptr -= *ptr2;
free(ptr);



Antialiased Lines (click this to go back to the index)

Type : A slow, ugly, and unoptimized but short method to perform antialiased lines in a framebuffer
References : Posted by arguru@smartelectronix.com

Notes :
Simple code to perform antialiased lines in a 32-bit RGBA (1 byte/component) framebuffer.

pframebuffer <- unsigned char* to framebuffer bytes (important: Y flipped line order! [like in the way Win32 CreateDIBSection works...])

client_height=framebuffer height in lines
client_width=framebuffer width in pixels (not in bytes)

This doesnt perform any clip checl so it fails if coordinates are set out of bounds.

sorry for the engrish

Code :

/1

/1 By Arguru

/1

voi d Put TransPi xel (int const Xx,int const y, UCHAR const r, UCHAR const g, UCHAR const b, UCHAR const a)
{

unsi gned char* ppi x=pfranmebuf f er +(x+(client_hei ght-(y+1))*client_w dth)*4;
ppi x[ 0] =((a*b) +(255- a) *ppi x[ 0] ) / 256;

ppi x[ 1] =((a*g) +(255- a) * ppi x[ 1] ) / 256;

ppi x[ 2] =((a*r) +(255-a) *ppi x[ 2] )/ 256;

}

voi d LineAntialiased(int const x1,int const yl,int const x2,int const y2, UCHAR const

r, UCHAR const g, UCHAR
const b)

{

/1 some useful constants first
doubl e const dw=x2-x1;

doubl e const dh=y2-y1;

doubl e const sl x=dh/ dw;

doubl e const sl y=dw dh;

/1 determ ne wichever raster scanning behaviour to use
i f(fabs(slx)<1.0)
{

/1l x scan

int txl=x1;

int tx2=x2;

doubl e raster=yl;

i f(x1>x2)
{
tx1=x2;

t x2=x1;
raster=y2;

for(int x=txl;x<=tx2;Xx++)
{

int const ri=int(raster);

doubl e const in_y0=1.0-(raster-ri);
doubl e const in_yl=1.0-(ri+1-raster);

Put TransPi xel (x, ri +0,r, g, b, i n_y0*255.0);
Put TransPi xel (x,ri+1,r,g, b,in_yl1*255.0);

rast er +=sl x;

}

el se
/1 y scan
int tyl=yl;

int ty2=y2;
doubl e raster=x1;

if(yl>y2)

{

tyl=y2;

ty2=y1;

raster=x2;

for(int y=tyl;y<sty2;y++)
{

int const ri=int(raster);

doubl e const in_x0=1.0-(raster-ri);
doubl e const in_x1=1.0-(ri+1-raster);



Put Tr ansPi xel (ri +0,y,r, g,
1,y,r,49,

, i n_x0*255.0);
Put TransPi xel (ri +1, i

b,in_
b, i n_x1*255.0);
raster+=sly;

}
}

Comments
from : Gog
comment : Sorry, but what does this have to do with music DSP ??



Base-2 exp (click this to go back to the index)

References : Posted by Laurent de Soras

Notes :

Linear approx. between 2 integer values of val. Uses 32-bit integers. Not very efficient but fastest than exp()

This code was designed for x86 (little endian), but could be adapted for big endian processors.

Laurent thinks you just have to change the (*(1 + (int *) &ret)) expressions and replace it by (*(int *) &ret). However, He didn't test it.

Code :
inline double fast_exp2 (const double val)
int e;
doubl e ret;
if (val >= 0)
{
e =int (val);
ret =val - (e - 1);
((*(1 + (int *) &et)) & ~(2047 << 20)) += (e + 1023) << 20;
}
el se

e = int (val + 1023);
ret = val - (e - 1024);
((*(1 + (int *) &et)) & ~(2047 << 20)) += e << 20;

return (ret);

}

Comments
from : subatomic@vrsource.org
comment :
Here is the code to detect little endian processor:

union

short val;

char ch[sizeof( short)];
}un;
un.val = 256; // 0x10;

if (un.ch[1] ==1)

/I then we're little

}
I've tested the fast_exp2() on both little and big endian (intel, AMD, and motorola) processors, and the comment is correct.
Here is the completed function that works on all endian systems:
inline double fast_exp2( const double val )

[/l is the machine little endian?
union

short val;
char ch[sizeof( short)];
}un;
un.val = 256; // 0x10;
[/l if un.ch[1] == 1 then we're little

/I return 2 to the power of val (exp base2)
int e;
double ret;

if (val >= 0)

e =int (val);
ret=val - (e - 1);

if (un.ch[1] == 1)

((*(2 + (int *) &ret)) &= ~(2047 << 20)) += (e + 1023) << 20;
else

((*((int *) &ret)) &= ~(2047 << 20)) += (e + 1023) << 20;

else

{
e =int (val + 1023);
ret = val - (e - 1024);

if (un.ch[1] == 1)

((*(1 + (int *) &ret)) &= ~(2047 << 20)) += e << 20;
else

((*((int *) &ret)) &= ~(2047 << 20)) += e << 20;



}

return ret;

}



Block/Loop Benchmarking (click this to go back to the index)
Type : Benchmarking Tool

References : Posted by arguru[AT]smartelectronix[DOT]com

Notes :

Requires CPU with RDTSC support

Code :

/1 Bl ock-Process Benchmarking Code using rdtsc
/1 useful for nmeasure DSP bl ock stuff

/'l (based on Intel papers)

/] 64-bit precission

/'l VeryUgl yCode(tm by Arguru

/1 gl obals

U NT tine, tine_low, tine_high;

/1 call this just before enter your |oop or whatever
voi d bpb_start ()

{

// read time stanp to EAX
__asmrdtsc;

__asmnov tine_| ow, eax;
__asmnov tine_high, edx;

}

/1 call the follow ng function just after your |oop
/1 returns average cycles wasted per sanple

U NT bpb_fini sh(U NT const num sanpl es)

{

__asmrdtsc

__asmsub eax, tine_| ow,

__asm sub edx, tine_hi gh;

__asmdiv num sanpl es;

__asmnov tine, eax;

return tinme;

}



Calculate notes (java) (click this to go back to the index)

Type : Java class for calculating notes with different in params
References : Posted by larsby[AT]elak[DOT]org
Linked file : Frequency.java (this linked file is included below)

Notes :
Converts between string notes and frequencies and back. | vaguely remember writing bits of it, and | got it off the net somwhere so dont ask me

- Larsby

Li nked files
public class Frequency extends Nunber

{
private static final double PITCH OF A4 = 57D
private static final double FACTOR = 12D/ Math. |l og(2D);
private static final String NOTE_SYMBOL[] = {
"c, "c#, "D, "D#", "E', "F', "F#', "G, "G, "A",
b
public static float frequencyOf A4 = 440F;
private float frequency;
public static final double getPitch(float f)
{
return getPitch(f);
}
public static final double getPitch(double d)
{
return 57D + FACTOR * Math.log(d / (double)frequencyC Ad);
}
public static final float getFrequency(double d)
{
return (float)(Math.exp((d - 57D) / FACTOR) * (double)frequencyCt Ad);
}
public static final String nakeNoteSynbol (doubl e d)
{
int i = (int)(d + 120.5D);
StringBuffer stringbuffer = new StringBuffer( NOTE_SYMBOL[i % 12]);
stringbuffer.append(lnteger.toString(i / 12 - 10));
return new String(stringbuffer);
}
public static float valueO(String s)
throws |11 egal Argunment Exception
{
try
{
return (new Fl oat(s)).fl oatVal ue();
}
cat ch( Nurmber For mat Exception _ex) { }
try
{
return get Frequency( par seNot eSynbol (s));
catch(111 egal Argunent Excepti on _ex)
throw new ||| egal Argunment Excepti on("Neither a floating point nunber nor a valid note
synbol . ");
}
}
public static final int parseNoteSynbol (String s)
throws |11 egal Argunent Excepti on
{
s = s.trin().toUpperCase();
for(int i = NOTE_SYMBOL.length - 1; i >=0; i--)
{

if(!s.startsWth(NOTE_SYMBOL[i]))
conti nue;
try

return i + 12 * Integer.parselnt(s.substring(NOTE_SYMBOL[i].length()).trim));

}
cat ch( Nurmber For mat Exception _ex) { }
br eak;


http://www.musicdsp.org/files/Frequency.java

}

throw new I || egal Argunment Exception("not valid note synbol.");

}

public static void transfornPitch(TextConponent textconponent, bool ean fl ag)

bool ean flagl = fal se
String s = textconponent. get Text();

if(flag)
{
try
{
t ext conponent . set Text (I nteger.toString((int)(getFrequency(parseNoteSynbol (s)) +
0.5F)));
return;
catch(111 egal Argunent Excepti on _ex)
flagl = true;
}
return;
}
try
{

t ext component . set Text ( makeNot eSynbol (get Pitch((new Float (s)).floatValue())));
return;

}
cat ch( Nurmber For mat Excepti on _ex)

flagl = true

}
public Frequency(float f)
frequency = 1.0F;
frequency = f;
}
public Frequency(String s)
throws |11 egal Argument Exception
frequency = 1. 0F;
frequency = val ue¥ (s);
}

public byte byteVal ue()

return (byte)(int)(frequency + 0.5F);
}

public short short Val ue()

return (short)(int)(frequency + 0.5F);
}

public | ong | ongVal ue()

return (long)(frequency + 0.5F);
}

public int intValue()

return (int)(frequency + 0.5F);
public float floatValue()
{

}
publ i ¢ doubl e doubl eVal ue()

return frequency;

return (double)frequency;

public String toString()

return Integer.toString(intValue());

}
public String toNoteSynbol ()



{
}

public static void main(String[] args)

return makeNot eSynbol (get Pi tch(frequency));

System out . printl n(Frequency. par seNot eSynbol ("C2"));
System out . printl| n(Frequency. get Frequency(24));
}

}



Center separation in a stereo mixdown (click this to go back to the index)

References : Posted by Thiburce BELAVENTURE

Notes :
One year ago, i found a little trick to isolate or remove the center in a stereo mixdown.

My method use the time-frequency representation (FFT). | use a min fuction between left and right channels (for each bin) to create the pseudo center.
| apply a phase correction, and i substract this signal to the left and right signals.

Then, we can remix them after treatments (or without) to produce a stereo signal in output.

This algorithm (I called it "TBIsolator") is not perfect, but the result is very nice, better than the phase technic (L substract R...). | know that
it is not mathematically correct, but as an estimation of the center, the exact match is very hard to obtain. So, it is not so bad (just listen the result and
see).

My implementation use a 4096 FFT size, with overlap-add method (factor 2). With a lower FFT size, the sound will be more dirty, and with a 16384
FFT size, the center will have too much high frequency (I don't explore why this thing appears).

| just post the TBIsolator code (see FFTReal in this site for implement the FFT engine).
plns and pOuts buffers use the representation of the FFTReal class (0 to N/2-1: real parts, N/2 to N-1: imaginary parts).
Have fun with the TBIsolator algorithm ! | hope you enjoy it and if you enhance it, contact me (it's my baby...).

P.S.: the following function is not optimized.

Code :

/* */
/* nFFTSi ze nmust be a power of 2 */
/* */
/* Usage exanpl es: */
/* - suppress the center: fAmpL = 1.f, fAmwpC = 0.f, fAmWpR = 1.f */
/* - keep only the center: fAmpL = 0.f, fAmC = 1.f, fAmpR = 0.f */
/* */

voi d processTBlsol ator (float *plns[2], float *pQuts[2], |ong nFFTSi ze, float fAnpL, float fAmC, float fAR)

{

float fMdL, fMdR

float fReallL, fReal C, fReal R
float flmagL, flmagC, flmgR

doubl e u;

for (longi =0, j =nFFTSize / 2; i < nFFTSize /| 2; i++)
fMdL = pins[O][i] * pIns[O][i] + pIns[O][j] * pIns[O][j];
fModR = plns[1][i] * plns[1][i] + plns[1][j] * plns[1][j]
/1 mn on conplex nunbers

if ( fModL > fMdR )

{

fReal C = fReal R,
flmagC = fl magR
}

el se

{

fReal C = fReal L;
flmagC = fl maglL;
}

/'l phase correction...
u = fabs(atan2(plns[0][j], pIns[O][i]) - atan2(plns[1][j], plns[1][i])) / 3.141592653589;

if (u>1)u-=1.;
u=powl - u*u*u, 24);
fReal C *= (float) u;
flmagC *= (float) u;

/] center extraction...
fRealL = plns[0][i] - fRealC

f 1l magL plns[0][j] - flmagC
fReal R = pIns[1][i] - fReal G
flmagR = plns[1][j] - flmagC

/1 You can do sone treatnents here...

pQuts[0][i] = fRealL * fAmpL + fReal C * f AnpC,
pQuts[O0][j] = flmagL * fAmL + flmagC * fAnpGC;
pQuts[1][i] = fReal R * fAmpR + fReal C * f AnpC,
pQuts[1][j] = flmagR * fAmR + flmagC * f AnpC,
}
}

Comments



from : fmanchec@thiburce.com
comment : | am sorry, my source code is not totally correct.

1 - the for is:

for (longi =0, j=nFFTSize/2;i < nFFTSize/ 2; i++, j++)
2 - the correct min is:

if (fModL > fModR )

fRealC = pIns[1][i];
fimagC = pins[1][jl;

else
fRealC = pIns[0][i];
fimagC = pIns[O][j];
3 - in the phase correction:
if(u>=1)u-=1,
must be replaced by:
f(u>=1)u=2-u;

Thiburce 'TB' BELAVENTURE



Center separation in a stereo mixdown (click this to go back to the index)

References : Posted by Thiburce BELAVENTURE

Notes :
One year ago, i found a little trick to isolate or remove the center in a stereo mixdown.

My method use the time-frequency representation (FFT). | use a min fuction between left and right channels (for each bin) to create the pseudo center.
| apply a phase correction, and i substract this signal to the left and right signals.

Then, we can remix them after treatments (or without) to produce a stereo signal in output.

This algorithm (I called it "TBIsolator") is not perfect, but the result is very nice, better than the phase technic (L substract R...). | know that
it is not mathematically correct, but as an estimation of the center, the exact match is very hard to obtain. So, it is not so bad (just listen the result and
see).

My implementation use a 4096 FFT size, with overlap-add method (factor 2). With a lower FFT size, the sound will be more dirty, and with a 16384
FFT size, the center will have too much high frequency (I don't explore why this thing appears).

| just post the TBIsolator code (see FFTReal in this site for implement the FFT engine).
plns and pOuts buffers use the representation of the FFTReal class (0 to N/2-1: real parts, N/2 to N-1: imaginary parts).
Have fun with the TBIsolator algorithm ! | hope you enjoy it and if you enhance it, contact me (it's my baby...).

P.S.: the following function is not optimized.

Code :

/* */
/* nFFTSi ze nmust be a power of 2 */
/* */
/* Usage exanpl es: */
/* - suppress the center: fAmpL = 1.f, fAmwpC = 0.f, fAmWpR = 1.f */
/* - keep only the center: fAmpL = 0.f, fAmC = 1.f, fAmpR = 0.f */
/* */

voi d processTBlsol ator (float *plns[2], float *pQuts[2], |ong nFFTSi ze, float fAnpL, float fAmC, float fAR)

{

float fMdL, fMdR

float fReallL, fReal C, fReal R
float flmagL, flmagC, flmgR

doubl e u;

for (longi =0, j =nFFTSize / 2; i < nFFTSize /| 2; i++)
fMdL = pins[O][i] * pIns[O][i] + pIns[O][j] * pIns[O][j];
fModR = plns[1][i] * plns[1][i] + plns[1][j] * plns[1][j]
/1 mn on conplex nunbers

if ( fModL > fMdR )

{

fReal C = fReal R,
flmagC = fl magR
}

el se

{

fReal C = fReal L;
flmagC = fl maglL;
}

/'l phase correction...
u = fabs(atan2(plns[0][j], pIns[O][i]) - atan2(plns[1][j], plns[1][i])) / 3.141592653589;

if (u>1)u-=1.;
u=powl - u*u*u, 24);
fReal C *= (float) u;
flmagC *= (float) u;

/] center extraction...
fRealL = plns[0][i] - fRealC

f 1l magL plns[0][j] - flmagC
fReal R = pIns[1][i] - fReal G
flmagR = plns[1][j] - flmagC

/1 You can do sone treatnents here...

pQut s[ 0]

[i] fRealL * fAmpL + fReal C * f AnpC;
pQuts[ 0] [j]

flmagL * fAnpL + flmagC * fAmC,

pQuts[ 1] [i]
}POJts[ll[J']

}

fReal R * f AmpR + fReal C * f AnpC;
flmagR * fAmpR + flnmagC * f AnpC,



Clipping without branching (click this to go back to the index)
Type : Min, max and clip

References : Posted by Laurent de Soras <laurent@ohmforce.com>
Notes :

It may reduce accuracy for small numbers. l.e. if you clip to [-1; 1], fractional part of the result will be quantized to 23 bits (or more, depending on the
bit depth of the temporary results). Thus, 1e-20 will be rounded to 0. The other (positive) side effect is the denormal number elimination.

Code :
float max (float x, float a)
X -= a;
x += fabs (x);
X *= 0.5;
X += a;
return (x);
}
float mn (float x, float b)
{
X =b - x;
x += fabs (x)
x *= 0.5;
X =b - x;
return (x);
}
float clip (float x, float a, float b)
x1 = fabs (x-a);
x2 = fabs (x-b);
X = x1 + (atb);
X -= X2;
x *= 0.5;
return (x);
}
Comments

from : kleps@refx.net
comment : AFAIK, the fabs() is using if()...

from : andy[AT]vellocet.com

comment : fabs/fabsf do not use if and are quicker than:
if (x<0) X = -x;
Do the speed tests yourself if you don't believe me!

from : kaleja@estarcion.com
comment : Depends on CPU and optimization options, but yes, Visual C++/x86/full optimization uses intrinsic fabs, which is very cool.

from : lennart.denninger[AT]guerrilla-games.com
comment : And ofcourse you could always use one of those nifty bit-tricks for fabs :)

(Handy when you don't want to link with the math-library, like when coding a softsynth for a 4Kb-executable demo :))

from : andy@a2hd.com

comment : according to my benchmarks (using the cpu clock cycle counter), fabs and the 'nifty bit tricks' have identicle performance characterstics,
EXCEPT that with the nifty bit trick, sometimes it has a -horrible- penalty, which depends on the context..., maybe it does not optimize consistently? |
use libmath fabs now. (i'm using gcc-3.3/linux on a P3)



Constant-time exponent of 2 detector (click this to go back to the index)

References : Posted by Brent Lehman (mailbjl[AT]yahoo.com)

Notes :
In your common FFT program, you want to make sure that the frame you're working with has a size that is a power of 2. This tells you in just a few
operations. Granted, you won't be using this algorithm inside a loop, so the savings aren't that great, but every little hack helps ;)

Code :
/] Qit if size isn't a power of 2
if ((-size ™ size) & size) return;

/1 1f size is an unsigned int, the above m ght not conpile.
/1 You'd want to use this instead:
if (((~size + 1) ™ size) & size) return;

Comments
from : functorx@yahoo.com
comment : | think | prefer:

if (! (size & (size - 1))) return;

I'm not positive this is fewer instructions than the above, but | think it's easier to see why it works (n and n-1 will share bits unless n is a power of two),
and it doesn't require two's-complement.

-Tom?7



Conversions on a PowerPC (click this to go back to the index)

Type : motorola ASM conversions

References : Posted by James McCartney

o

de :

doubl e ftod(float x) { return (double)x;

00000000: 4E800020 blr

/1 blr == return fromsubroutine, i.e. this function is a noop

float dtof(double x) { return (float)x;
00000000: FC200818 frsp fpl, fpl
00000004: 4E800020 blr

int ftoi(float x) { return (int)x;

00000000: FCOO081E fctiwz fpo, fpl
00000004: D8O1FFFO stfd f p0, - 16( SP)
00000008: 8061FFF4 | wz r3,-12(SP)

0000000C: 4E800020 blr

int dtoi (double x) { return (int)x;

00000000: FCOO081E fctiwz fpo, fpl
00000004: D8O1FFFO stfd f pO, - 16( SP)
00000008: 8061FFF4 | wz r3,-12(SP)

0000000C: 4E800020 blr

doubl e itod(int x) { return (double)x;
00000000: C8220000 Ifd fpl, @558( RTCC)

00000004: 6C608000 Xori s ro, r3, $8000
00000008: 9001FFF4 stw ro, -12( SP)
0000000C: 3C004330 |is ro, 17200
00000010: 9001FFFO stw ro, - 16( SP)
00000014: C801FFFO |fd fpo0, - 16( SP)
00000018: FC200828 fsub fpi, fpo, fpl

0000001C: 4E800020 blr

float itof(int x) { return (float)x;

00000000: €B8220000 |Ifd f p1, @558( RTOC)
00000004: 6C608000 xoris ro, r3, $8000
00000008: 9001FFF4 stw ro, -12(SP)
0000000C: 3C004330 Iis r0, 17200
00000010: 9001FFFO0 stw r0, -16( SP)
00000014: CBO1FFFO |fd f p0, - 16( SP)
00000018: EC200828 fsubs fpl, fpo,fpl

0000001C:. 4E800020 blr



Copy-protection schemes (click this to go back to the index)

References : Posted by Moyer, Andy

Notes :
This post of Andy sums up everything there is to know about copy-protection schemes:

"Build a great product and release improvements regularly so that people will
be willing to spend the money on it, thus causing anything that is cracked

to be outdated quickly. Build a strong relationship with your customers,
because if they've already paid for one of your products, and were

satisfied, chances are, they will be more likely to buy another one of your
products. Make your copy protection good enough so that somebody can't just
do a search in Google and enter in a published serial number, but don't make
registered users jump through flaming hoops to be able to use the product.
Also use various approaches to copy protection within a release, and vary
those approaches over multiple releases so that a hacker that cracked your
app's version 1.0 can't just run a recorded macro in a text editor to crack
your version 2.0 software [this being simplified]."

Comments
from : ultrano@mail.bg
comment : Won't it be good to make several versions of 1.0 with the functions places being scrambled, and unused static data being

changed? And if the product uses plugins, to make each plugin detect if the code has been changed?



Cubic interpollation (click this to go back to the index)

Type : interpollation

References : Posted by Olli Niemitalo
Linked file : other001.gif

Notes :

(see linkfile)
finpos is the fractional, inpos the integer part.

Code :

xml = x [inpos - 1];
x0 = x [inpos + 0];
x1 = x [inpos + 1];
X2 = X [inpos + 2];

a =(3* (x0-x1) - xml + x2) / 2;

b = 2*x1 + xml - (5*x0 + x2) / 2;

c = (x1 - xm) / 2;

y [outpos] = (((a * finpos) + b) * finpos + c) * finpos + xO;


http://www.musicdsp.org/files/other001.gif

Denormal DOUBLE variables, macro (click this to go back to the index)

References : Posted by Jon Watte

Z

otes :
e this macro if you want to find denormal numbers and you're using doubles...

7]

Us
Code :
#if PLATFORM |'S Bl G ENDI AN
#define | NDEX O

#el se

#define | NDEX 1

#endi f

inline bool is_denormal ( double const &d ) {
assert( sizeof( d ) == 2*sizeof( int ) );

int | = ((int *)&d)[INDEX];
return (I &x7fe00000) != 0;

}



Denormal numbers (click this to go back to the index)

References : Compiled by Merlijn Blaauw
Linked file : other001.txt (this linked file is included below)

Notes :
this text describes some ways to avoid denormalisation. Denormalisation happens when FPU's go mad processing very small numbers

Comments
from : andy@a2hd.com
comment : See also the entry about 'branchless min, max and clip’ by Laurent Soras in this section,

Using the following function,
float clip (float x, float a, float b)

x1 = fabs (x-a);
x2 = fabs (x-b);
X =x1 + (a+b);
X -= X2;

X *=0.5;

return (x);

}

If you apply clipping from -1.0 to 1.0 will have a side effect of squashing denormal numbers to zero due to loss of precision on the order of ~1.0.e-20.
The upside is that it is branchless, but possibly more expensive than adding noise and certainly more so than adding a DC offset.

Li nked files
Denormal nunbers

Here's a small recap on all proposed solutions to prevent the FPU from
denor nal i zi ng:

When you feed the FPU really small values (what's the exact 'threshold'
value?) the CPUwill go into denorrmal npde to maintain precision; as such
precision isn't required for audi o applications and denormal operations are
MJUCH sl ower than normal operations, we want to avoid them

Al'l nethods have been proposed by people other than ne, and things | say
here may be inaccurate or conpletely wong :). "Algorithns' have not been
tested and can be inplenmented nore efficiently no doubt.

If | made sonme horrible mstakes, or left sonme stuff out, please let nme/the
list know.

** Checki ng denormal processing solution:

To detect if a denormal nunber has occured, just trace your code and

| ook up on the STAT FPU register ... if 0x0002 flag is set then a denornal
operation occured (this flag stays fixed until next FINT)

** Checki ng denormal macro sol ution:

NOTES:

This is the | east conputationally efficient method of the lot, but has the
advant age of being inaudible.

Pl ease note that in every feedback | oop, you should al so check for
denormal s (rendering it useless on algorithms with |oads of filters,

f eedback | oops, etc).

CCDE:

#define 1S DENORVAL(f) (((*(unsigned int *)&f)&0x7f800000)==0)

/1 inner-1|oop:

isl
is2

*(++inl); isl = 1S DENORMAL(is1) ? O.f : is1;
*(++in2); is2 = | S_DENORVAL(is2) ? O0.f : is2;

** Addi ng noi se sol ution:

NOTES:

Less overhead than the first solution, but still 2 mem accesses. Because a
nunber of the val ues of denormal Buf will be denormals thenselves, there

wi Il always be *sone* denormal overhead. However, a small percentage

denornal s probably isn't a problem


http://www.musicdsp.org/files/other001.txt

Use this eq. to calculate the appropriate value of id (presum ng rand()
generates evenly distrubuted val ues):

id = 1/ percent ageOX Denor mal sAl | owed * denor mal Threshol d

(I do not know the exact value of the denormal Threshol d, the value at which
the FPU starts to denormal).

Possi bl e additions to this algorithminclude, noiseshaping the noise
buffer, which would allow a smaller value of percentageC Denormal sAl | owed
wi t hout beconmmi ng audi bl e - however, in sonme algorithnms, with filters and
such, | think this mght cause the noise to be renpved, thus rendering it
usel ess. Checking for denormals on noi se generation mght have a simlar
effect | suspect.

CODE:

// on construction:
float **denormal Buf = new fl oat[getBl ockSi ze()];

float id = 1.0E-20;
for (int i =0; i < getBlockSize(); i++)

denormal Buf[i] = (float)rand()/32768.f * id;
}

/1 inner-1|oop:

float noise = *(++noi seBuf);
isl *(++inl) + noise;
is2 = *(++in2) + noise;

** F| i ppi ng nunber sol ution:
NOTES:

In my opinion the way-to-go nethod for nost applications; very little
overhead (no conpare/if/etc or nenory access needed), there isn't a
percentage of the values that will denormal and it will be inaudible in
nost cases.

The exact value of id will probably differ fromalgorithmto algorithm but
t he proposed val ue of 1.0E-30 seened too small to ne.

CODE:

/! on construction:
float id = 1. 0E-25;

/1 inner-1oop:

isl = *(++inl) + id;

is2 = *(++in2) + id;

id=-id;

** Addi ng of fset solution:

NOTES:

This is the nost efficient method of the ot and is al so inaudible.
However, sone filters will probably renmove the added DC of fset, thus
rendering it useless.

CODE:

/1 inner-1oop:

isl
is2

*(++inl) + 1.0E-25;
*(++in2) + 1.0E-25;

** Fjix-up solution

You can al so wal k through your filter and clanp any nunbers which are cl ose
enough to being denormal at the end of each block, as long as your blocks are

not too large. For instance, if you inplenment EQ using a bi-quad, you can check
the delay slots at the end of each process() call, and if any slot has a nagnitude
of 107-15 or smaller, you just clanp it to 0. This will ensure that your filter
doesn't run for long tines with denormal nunbers; ideally (depending on the
coefficients) it won't reach 107-35 fromthe 107-15 initial state within the tine
of one bl ock of sanples.

That solution uses the | east cycles, and also has the nice property of generating
absol ute-0 output values for |long stretches of absolute-0 input values; the others
don't.



Denormal numbers, the meta-text (click this to go back to the index)

References : Laurent de Soras

Linked file : denormal.pdf

Notes :

This very interesting paper, written by Laurent de Soras (www.ohmforce.com) has everything you ever wanted to know about denormal numbers! And

it obviously descibes how you can get rid of them too!

(see linked file)


http://www.musicdsp.org/files/denormal.pdf

Dither code (click this to go back to the index)

Type : Dither with noise-shaping
References : Posted by Paul Kellett

Notes :

This is a simple implementation of highpass triangular-PDF dither (a good general-purpose dither) with optional 2nd-order noise shaping (which lowers
the noise floor by 11dB below 0.1 Fs).

The code assumes input data is in the range +1 to -1 and doesn't check for overloads!

To save time when generating dither for multiple channels you can re-use lower bits of a previous random number instead of calling rand() again. e.g.
r3=(r1 & OX7F)<<8;

Code
int rl, r2; /'l rectangul ar - PDF random nunber s
float sl1, s2; /lerror feedback buffers
float s = 0.5f; //set to 0.0f for no noise shaping
float w = pow2.0, bits-1); //word | ength (usually bits=16)
float wi= 1.0f/w,
float d = wi / RAND_MAX; //dither anplitude (2 |sh)
float o = w * 0.5f; //remove dc of fset
float in, tnp;
int out;

//for each sanple...

r2=ri; //can make HP-TRI dither by
ri=rand(); //subtracting previous rand()
in+=s * (sl + sl - s2); /lerror feedback

tnp =in+o0+d?* (float)(rl - r2); //dc offset and dither

out = (int)(w?* tnp); //truncate downwards

i f(tnp<0.0f) out--; //this is faster than floor()
s2 = sl;

sl =in- w * (float)out; /lerror



Dithering (click this to go back to the index)
References : Paul Kellett
Linked file : nsdither.txt (this linked file is included below)

Notes :
(see linked file)

Li nked files
Noi se shaped dither (March 2000)

This is a sinple inplenentati on of highpass triangul ar-PDF dither with
2nd-order noi se shaping, for use when truncating floating point audio
data to fixed point.

The noi se shaping |owers the noise floor by 11dB bel ow 5kHz (@ 44100Hz
sanpl e rate) conpared to triangul ar-PDF dither. The code bel ow assunes
input data is in the range +1 to -1 and doesn't check for overl oads!

To save tine when generating dither for nultiple channels you can do
things like this: r3=(rl & Ox7F)<<8; instead of calling rand() again.

int rl, r2; /I rectangul ar - PDF random nunbers
float s1, s2; //error feedback buffers

float s = 0.5f; //set to 0.0f for no noise shaping
float w= powm2.0,bits-1); //word length (usually bits=16)
float wi= 1.0f/w

float d = wi / RAND_MAX; [/dither anplitude (2 Ish)

float o = wi * 0.5f; //remove dc of fset

float in, tnp;

int out ;

//for each sanple...

r2=ri; /1 can make HP-TRI dither by
ril=rand(); //subtracting previous rand()
in +=s * (sl + sl - s2); /lerror feedback

tnp =in+ o0 +d* (float)(rl - r2); //dc offset and dither

out = (int)(w?* tnmp); //truncate downwards

i f(tnp<0.0f) out--; /lthis is faster than floor()
s2 = s1;

sl =in- w * (float)out; [l error

paul . kel | ett @maxi m abel . co. uk
http://ww. maxi m abel . co. uk


http://www.musicdsp.org/files/nsdither.txt

Double to Int (click this to go back to the index)

Type : pointer cast (round to zero, or 'trunctate’)
References : Posted by many people, implementation by Andy M0Ocho

Notes :

-Platform independant, literally. You have IEEE FP numbers, this will work, as long as your not expecting a signed integer back larger than 16bits :)
-Will only work correctly for FP numbers within the range of [-32768.0,32767.0]

-The FPU must be in Double-Precision mode

Code :

typedef double Ireal;

typedef float real;

typedef unsigned | ong uint32;
typedef long int32;

/12736 * 1.5, (52-_shiftant=36) uses linmted precision to floor
/116.16 fixed point representation

const lreal _doubl e2fixmagic = 68719476736.0*1.5;

const int32 _shiftant 16;
#i f Bi gEndi an_
#define iexp_ 0
#define i man_ 1
#el se
#define iexp_ 1
#define iman_ 0

#endi f //Bi gEndi an_

/1 Real 2I nt
inline int32 Real 2Int(lreal val)

val = val + _doubl e2fi xnagi c;
return ((int32*)&val)[iman_] >> _shiftant;
/'l Real 2I nt

inline int32 Real 2Int(real val)

return Real 2Int ((lreal)val);

For the x86 assenbler freaks here's the assenbl er equival ent:
__doubl e2f i xmagi ¢ dd 000000000h, 042380000h

fld AFl oat i ngPoi nt Nunber

f add QAORD PTR __doubl e2fi xmagi ¢
fstp TEMP

nmovsx eax, TEMP+2



Envelope Follower (click this to go back to the index)

References : Posted by ers

o

de :
define V_ENVELOPE _FOLLOAER_NUM PO NTS 2000
| ass vEnvel opeFol | ower

#
c
{ _
public:
vEnvel opeFol | ower () ;

virtual ~vEnvel opeFol | ower();
inline void Calculate(float *b)

envel opeVal -= *buff;

if (*b <0)

envel opeVal += *buff = -*b;
el se

envel opeVal += *buff = *b;
if (buff++ == bufferEnd)
buff = buffer;

voi d SetBufferSize(float value);
voi d Get Control Val ue(){return envel opeVal / (float)bufferSize;}

private:
fl oat buffer[V_ENVELOPE_FOLLOAER _NUM PO NTS] ;
float *buf ferEnd, *buff, envel opeVal;
int bufferSize;
float val;
H

vEnvel opeFol | ower: : vEnvel opeFol | ower ()

{

buf ferEnd = buffer + V_ENVELOPE_FOLLOWAER NUM PO NTS- 1;
buff = buffer;

val = 0;

float *b = buffer;

do

*b++ = 0;

}while (b <= bufferEnd);

buf ferSize = V_ENVELOPE_FOLLOANER_NUM PO NTS;
envel opeVal = 0;

}

vEnvel opeFol | ower: : ~vEnvel opeFol | ower ()

{
}

voi d vEnvel opeFol | ower: : Set Buf f er Si ze(fl oat val ue)

{

bufferEnd = buffer + (bufferSize = 100 + (int)(value * ((float)V_ENVELOPE FOLLOAER NUM POl NTS-102)));
buff = buffer;

float val = envelopeVal / bufferSize;

do

*puf f ++ = val ;

Iwhile (buff <= bufferEnd);
buff = buffer;

}



Exponential parameter mapping (click this to go back to the index)
References : Posted by Russell Borogove
Notes :

Use this if you want to do an exponential map of a parameter (mParam) to a range (mMin - mMax).
Output is in mData...

Code :

float | ogmax = | oglOf ( mvax );

float logmn = 10gl0f( mMMn );

float |ogdata = (nParam* (lognex-lognin)) + [ogmn;

nData = powf( 10.0f, |ogdata );
if (mbata < nmM n)

mData = nM n;
}
if (nmData > mvax)

nmDat a = mvax;
}

Comments

from : rerdavies@msn.com

comment : No point in using heavy functions when lighter-weight functions work just as well. Use In instead of log10f, and exp instead of pow(10,x).
Log-linear is the same, no matter which base you're using, and base e is way more efficient than base 10.

from : kaleja@estarcion.com
comment : Thanks for the tip. A set of VST param wrapper classes which offers linear float, exponential float, integer selection, and text selection
controls, using this technique for the exponential response, can be found in the VST source code archive -- finally.

from : act_ion@yahoo.com
comment : Just made my day!
pretty useful :) cheers Aktion



fast abs/neg/sign for 32bit floats (click this to go back to the index)

Type : floating point functions
References : Posted by tobybear[AT]web[DOT]de

Notes :
Haven't seen this elsewhere, probably because it is too obvious? Anyway, these functions are intended for 32-bit floating point numbers only and
should work a bit faster than the regular ones.

fastabs() gives you the absolute value of a float
fastneg() gives you the negative number (faster than multiplying with -1)
fastsgn() gives back +1 for 0 or positive numbers, -1 for negative numbers

Comments are welcome (tobybear[AT]web[DOT]de)
Cheers

Toby (www.tobybear.de)

Code :

/1 CI C++ code:

float fastabs(float f)
{int i=((*(int*)& )& x7fffffff);return (*(float*)& );}

float fastneg(float f)
{int i=((*(int*)& )" 0x80000000);return (*(float*)& );}

int fastsgn(float f)
{return 1+(((*(int*)&f)>>31)<<1);}

/1 Del phi / Pascal code:
function fastabs(f:single):single;
begin i:=longint((@)") and $7FFFFFFF;result:=single((@)”") end;

function fastneg(f:single):single;
begin i:=longint((@)”) xor $80000000;result:=single((@)”") end,

function fastsgn(f:single):longint;
begin result:=1+((longint((@)”) shr 31)shl 1) end,

Comments
from : tobybear@web.de
comment : Matthias (bekkah[AT]web[DOT]de) wrote me a mail with the following further improvements for the C++ parts of the code:

/I C++ code:
inline float fastabs(const float f)
{int i=((*(int*) &f) &Ox 7fffffff);return (*(float*)&i);}

inline float fastneg(const float f)
{int i=((*(int*)&f)"0x80000000);return (*(float*)&i);}

inline int fastsgn(const float f)
{return 1+(((*(int*)&f)>>31)<<1);}

Thanks!

from : picoder@mail.ru
comment : Too bad these 'tricks' need two additional FWAITs to work in a raw FPU code. Maybe standard fabs and fneg are better? Although, that
fastsgn() could be useful since there's no FPU equivalent for it.

Cheers,
Aleksey.

from : picoder@mail.ru
comment : | meant ‘fchs' in place of 'fneg'.

from : david@brannvall.net
comment : | don't know if this is any faster, but atleast you can avoid some typecasting.

function fastabs(f: Single): Single; var i: Integer absolute f;
begin i := i and $7fffffff; Result := f; end;

from : chris@m-audio.com
comment : Note that a reasonable compiler should be able to perform these optimizations for you. | seem to recall that GCC in particular has the
capability to replace calls to [flabs() with instructions optimized for the platform.



Fast binary log approximations (click this to go back to the index)
Type : C code
References : Posted by musicdsp.org[AT]mindcontrol.org

Notes :

This code uses IEEE 32-bit floating point representation knowledge to quickly compute approximations to the log2 of a value. Both functions return
under-estimates of the actual value, although the second flavour is less of an under-estimate than the first (and might be sufficient for using in, say, a
dBV/FS level meter).

Running the test program, here's the output:

0.1: -4 -3.400000
1: 0 0.000000
2: 1 1.000000
5: 2 2.250000
100: 6 6.562500

Code :
/'l Fast |ogarithm (2-based) approximation
/1 by Jon Watte

#i ncl ude <assert.h>

int floorOLn2( float f ) {
assert( f > 0. );
assert( sizeof (f) == sizeof(int) );
assert( sizeof (f) == 4);
return (((*(int *)&)&x7f800000)>>23) - Ox7f;

float approxLn2( float f ) {
assert( f > 0. );

assert( sizeof (f) == sizeof(int) );
assert( sizeof(f) == 4);
int i = (*(int *)&f);

return (((i &x7f800000)>>23)-0x7f)+(i &x007fffff)/(fl oat)0x800000;

/! Here's a test program
#i ncl ude <stdio. h>

/'l insert code from above here

int

mai n()
printf( "0.1: %d 9%\n", floorOLn2( 0.1 ), approxLn2( 0.1 ) );
printf( "1: % % \n", floorOFLn2( 1. ), approxLn2( 1. ) );
printf( "2: % % \n", floorOFLn2( 2. ), approxLn2( 2. ) );
printf( "5: % % \n", floorOFLn2( 5. ), approxLn2( 5. ) );
printf( "100: % 9%\n", floorOrLn2( 100. ), approxLn2( 100. ) );
return O;

}

Comments

from : tobybear@web.de
comment : Here is some code to do this in Delphi/Pascal:

function approxLn2(f:single):single;

begin

result:=(((longint((@f)") and $7f800000) shr 23)-$7f)+(longint((@f)") and $007fffff)/$800000;
end;

function floorOfLn2(f:single):longint;

begin

result:=(((longint((@f)*) and $7f800000) shr 23)-$7f);
end;

Cheers,

Tobybear
www.tobybear.de



Fast exp2 approximation (click this to go back to the index)

References : Posted by Laurent de Soras <laurent[AT]Johmforce[DOT]com>

Notes :

Partial approximation of exp2 in fixed-point arithmetic. It is exactly :

[0;1][->[0.5; 1]

fix[->27x-1)

To get the full exp2 function, you have to separate the integer and fractionnal part of the number. The integer part may be processed by bitshifting.
Process the fractionnal part with the function, and multiply the two results.

Maximum error is only 0.3 % which is pretty good for two mul ! You get also the continuity of the first derivate.

-- Laurent

o

d
/1 val is a 16-bit fixed-point value in 0x0 - OxFFFF ([0 ; 1[)

/1l Returns a 32-bit fixed-point value in 0x80000000 - OxFFFFFFFF ([0.5 ; 1[)
unsigned int fast_partial _exp2 (int val)

unsi gned i nt result;

__asm
{
nov eax, val
shl eax, 15 ; eax = input [31/31 bits]
or eax, 080000000h ; eax = input + 1 [32/31 bits]
mul eax
nmov eax, edx ; eax = (input + 1) ~ 2 [32/30 bits]
nmov edx, 2863311531 ; 2/3 [32/32 bits], rounded to +oo
mul  edx ; eax = 2/3 (input + 1) A~ 2 [32/30 bits]
add edx, 1431655766 ; + 4/3 [32/30 bits] + 1
mov result, edx
}

return (result);



Fast log2 (click this to go back to the index)

References : Posted by Laurent de Soras

Code :
inline float fast_log2 (float val)
{
assert (val > 0);
int * const exp_ptr = reinterpret_cast <int *> (&val);
int X = *exp_ptr;
const int log_2 = ((x >> 23) & 255) - 128;
X &= ~(255 << 23);
X += 127 << 23;
*exp_ptr = X;
return (val + log_2);
}
Comments

from : tobybear@web.de
comment : And here is some native Delphi/Pascal code that
does the same thing:

function fast_log2(val:single):single;
var log2,x:longint;

begin

x:=longint((@val)");

log2:=((x shr 23) and 255)-128;
x:=x and (not(255 shl 23));
X:=x+127 shl 23;
result:=single((@x)")+log2;
end;

Cheers

Toby

www.tobybear.de
from : henry@cordylus.de
comment : instead of using this pointer casting expressions one can also use a enum like this:
enum Floatint
{
float f;

from : henry@cordylus.de
comment : instead of using this pointer casting expressions one can also use a enum like this:

enum Floatint
float f;

intl;

}p;

and then access the data with:

p.f=x;
p.l>>=23;

Greetings, Henry

from : henry@cordylus.de
comment : Sorry :

didnt mean enum, ment UNION !!!



fast power and root estimates for 32bit floats (click this to go back to the index)
Type : floating point functions
References : Posted by tobybear[AT]web[DOT]de

Notes :
Original code by Stefan Stenzel (also in this archive, see "pow(x,4) approximation") - extended for more flexibility.

fastpow(f,n) gives a rather *rough* estimate of a float number f to the power of an integer number n (y=f*n). It is fast but result can be quite a bit off,
since we directly mess with the floating point exponent.-> use it only for getting rough estimates of the values and where precision is not that
important.

fastroot(f,n) gives the n-th root of f. Same thing concerning precision applies here.

Cheers

Toby (www.tobybear.de)

Code :

/1 C C++ source code:
float fastpower(float f,int n)

long *Ip,I;

I p=(1ong*) (& );

| =*1 p; | - =0x3F800000I ; | <<=(n-1); | +=0x3F800000I ;
*| p=l;

return f;

}

float fastroot(float f,int n)

long *Ip,I;

I'p=(1ong*) (&)

| =*1 p; | - =0x3F800000I ; | >>=(n- 1) ;| +=0x3F800000lI ;
*1p=l;

return f;

/] Del phi / Pascal source code:
function fastpower(i:single;n:integer):single;

var |:longint;

begi n
l:=longint((@)");
| : =l -$3F800000; I :=I shl (n-1);I:=I+$3F800000;
result:=single((@)");

end;

function fastroot(i:single;n:integer):single;

var |:longint;
begi n
I:=longint((@)");
| : =l -$3F800000; | : =l shr (n-1);I:=I+$3F800000;

result:=single((@)");
end;



Float to int (click this to go back to the index)

References : Posted by Ross Bencina

Notes :
intel only

Code :

int truncate(float flt)

e
int i;
static const double half = 0.5f;
_asm

fld flt
fsub hal f
fistp i

return i

}

Comments

from : jaha@smartelectronix.com

comment : Note: Round nearest doesn't work, because the Intel FPU uses Even-Odd rounding in order to conform to the IEEE floating-point
standard: when the FPU is set to use the round-nearest rule, values whose fractional part is exactly 0.5
round toward the nearest *even* integer. Thus, 1.5 rounds to 2, 2.5 rounds to 2, 3.5 rounds to 4. This is quite disastrous for the FLOOR/CEIL
functions if you use the strategy you describe.

from : sugonaut@yahoo.com

comment : This version below seems to be more accurate on my Win32/P4. Doesn't deal with the Intel FPU issue. A faster solution than c-style
casts though. But you're not always going to get the most accurate conversion. Like the previous comment; 2.5 will convert to 2, but 2.501 will
convert to 3.

int truncate(float flt)

{
inti;
_asm

fld fit
fistpi
}

return i

}



Float-to-int, coverting an array of floats (click this to go back to the index)

References : Posted by Stefan Stenzel

Notes :
intel only
Code :
void f2short(float *fptr,short *iptr,int n)
{
_asm {
nmov ebx, n
nmov esi,fptr
nmov edi,iptr
| ea ebx, [ esi +ebx* 4] ; ptr after |ast
nov edx, 0x80008000 ; damm endi aness confuses. .
nov ecx, 0x4b004b00 ; damm endi aness confuses. .
nmov eax, [ ebx] ; get last val ue
push eax
nmov eax, 0x4b014B01
nmov [ ebx], eax ; mark end
nov ax, [ esi +2]
jnp startf2slp

Pad with nops to make |l oop start at address divisible
by 16 + 2, e.g. 0x01408062, don't ask why, but this

gi ves best performance. Unfortumately "align 16" does
not seemto work with ny VC

bel ow | noted the nmeasured execution tinmes for different
nop- paddi ngs on ny Pentium Pro, 100 conversions
saturation: off pos neg

nop ; 365 546 563 <- seens to be best
; nop ;951 547 544
; nop ;444 646 643
; nop ;444 646 643
; nop ;944 951 950
; nop ; 358 447 644
; nop ; 358 447 643
; nop ; 358 544 643
; nop ; 543 447 643
; nop ; 643 447 643
; nop ; 1047 546 746
; nop ; 545 954 1253
; nop ; 545 547 661
; nop ; 544 547 746
; nop ;444 947 1147
; nop ; 444 548 545
i n_range
nmov eax, [esi]
xor eax, edx
sat urat e:
| ea esi, [esi +4]
nmov [edi], ax
nmov ax, [ esi +2]
add edi, 2
startf 2sl p:
cnp ax, cx
je i n_range
nmov eax, edx
js saturate ; saturate neg -> 0x8000
dec eax ; saturate pos -> OX7FFF
cnp esi, ebx ; end reached ?
ib saturate
pop eax
nmov [ ebx], eax ; restore end flag
}
}
Comments
from : magnusl[at]smartelectronix.com
comment :
_asm{
mov ebx,n
mov esi,fptr
mov edi,iptr

lea ebx,[esi+ebx*4] ; ptr after last

mov edx,0x80008000 ; damn endianess confuses...
mov ecx,0x4b004b00 ; damn endianess confuses...
mov eax,[ebx] ; get last value

| think the last line here reads outside the buffer.



Gaussian dithering (click this to go back to the index)

Type : Dithering

References : Posted by Aleksey Vaneev (picoder[AT]mail[DOT]ru)

Notes :

It is a more sophisticated dithering than simple RND. It gives the most low noise floor for the whole spectrum even without noise-shaping. You can use

as big N as you can afford (it will not hurt), but 4 or 5 is generally enough.

Code :
Basically, next value is calculated this way (for RND going from-0.5 to 0.5):

dither = (RND+RND+...+RND) / N.
\ /
\ /
N tinmes

If your RND goes fromO to 1, then this code is applicable:
dither = (RND+RND+...+RND - 0.5*N) / N



Gaussian random numbers (click this to go back to the index)

Type : random number generation
References : Posted by tobybear[AT]web[DOT]de

Notes :

/I Gaussian random numbers

/I This algorithm (adapted from "Natur als fraktale Grafik" by

/I Reinhard Scholl) implements a generation method for gaussian
/I distributed random numbers with mean=0 and variance=1

/I (standard gaussian distribution) mapped to the range of

/-1 to +1 with the maximum at 0.

/I For only positive results you might abs() the return value.

/I The q variable defines the precision, with g=15 the smallest
I/ distance between two numbers will be 1/(2"q div 3)=1/10922
/I which usually gives good results.

/I Note: the random() function used is the standard random
I function from Delphi/Pascal that produces *linear*

/I distributed numbers from 0 to parameter-1, the equivalent
/I C function is probably rand().

Code :

const g=15;
cl=(1 shl q)-1;
c2=(cl div 3)+1;
c3=1/c1,;

function GRandom si ngl €;
begi n

resul t: =(2*(randon(c2)+random(c2) +randomn(c2))-3*(c2-1))*c3;
end,



Hermite Interpolator (x86 ASM) (click this to go back to the index)

Type : Hermite interpolator in x86 assembly (for MS VC++)
References : Posted by robert.bielik@rbcaudio.com

Notes :
An "assemblified" variant of Laurent de Soras hermite interpolator. | tried to do calculations as parallell as | could muster, but there is
almost certainly room for improvements. Right now, it works about 5.3 times (!) faster, not bad to start with...

Parameter explanation:
frac_pos: fractional value [0.0f - 1.0f] to interpolator
pntr: pointer to float array where:

pntr[0] = previous sample (idx = -1)

pntr[1] = current sample (idx = 0)

pntr[2] = next sample (idx = +1)

pntr[3] = after next sample (idx = +2)

The interpolation takes place between pntr[1] and pntr[2].
Regards,

/Robert Bielik
RBC Audio

o

de :
const float c_half = 0.5f;

__decl spec(naked) float _ _hermite(float frac_pos, const float* pntr)

__asm
push ecx;

nov ecx, dword ptr[esp + 12];
NN NNy
add ecx, 0x04; // ST(0) ST(1) ST(2) ST(3) ST(4) ST(5) ST(6) ST(7)
fld dword ptr [ecx+4]; // x1

fsubdword ptr [ecx-4]; // x1-xnml
flddword ptr [ecx]; // x0O x1-xnl
fsubdword ptr [ecx+4]; // v x1-xnl
flddword ptr [ecx+8]; // x2 v x1-xnl
fsubdword ptr [ecx]; // x2-x0 v x1-xmdl
fxchst(2); // x1-ml v x2-x0

frul c_half; // c v x2-x0

fxchst(2); // x2-x0v ¢

frul c_half; // 0.5*(x2-x0) v ¢
fxchst(2); // c v 0.5%(x2-x0)

fst st(3); //c v 0.5%(x2-x0)c
faddst(0), st(1); // w v 0.5%(x2-x0)c
fxchst(2); //0.5%(x2-x0)v w ¢
faddpst (1), st(0); // v+.5(x2-x0) w c
faddst(0), st(1l); //a wc

faddst (1), st(0); // a b_neg c

fmul dword ptr [esp+8]; // a*frac b_neg c
fsubpst(1), st(0); // a*f-bc

fmul dword ptr [esp+8]; // (a*f-b)*f c
faddpst (1), st(0); // res-x0/f

frul dword ptr [esp+8]; // res-x0

fadd dword ptr [ecx]; // res

pop ecx;

ret;

}

}

Comments
from : dmi[at]smartelectronix
comment : This code produces a nasty buzzing sound. | think there might be a bug somwhere but | haven't found it yet.

from : hplus-musicdsp[at]mindcontrol.org
comment : | agree; the output, when plotted, looks like it has overlaid rectangular shapes on it.

from : robert.bielik@rbcaudio.com

comment : AHH! True! A bug has sneaked in! Change the row that says:
fsubp st(1), st(0); // a*f-b ¢
to:
fsubrp st(1), st(0); // a*f-b c

and it should be much better. Although | noticed that a good optimization by the compiler generates nearly as fast a code, but only nearly. This is still
about 10% faster.



Hermite interpollation (click this to go back to the index)

References : Posted by various

Notes :
These are all different ways to do the same thing : hermite interpollation. Try'm all and benchmark.

Code
I/ or|g|nal
inline float hermtel(float x, float y0, float yl1l, float y2, float y3)
{
/'l 4-point, 3rd-order Hernmite (x-form
float cO0 = y1;
float c1 = 0.5f * (y2 - y0);
float c2 =y0 - 2.5f * y1 + 2.f * y2 - 0.5f * y3;
float ¢3 = 1.5f * (yl - y2) + 0.5f * (y3 - y0);
return ((c3 * x + c¢2) * x +cl) * x + cO0;
}

/] james ntcartney
inline float hermte2(float x, float y0, float yl1, float y2, float y3)

{
11 4—p0i nt, 3rd—order Hermte (x-form
float cO =yl
fl oat cl = 0.5f * (y2 - y0);
float ¢3 = 1.5f * (yl - y2) + 0.5f * (y3 - y0);
float c2 = y0 - y1 + ¢l - c3;
return ((c3 * x +c¢2) * x +cl) * x + cO0;
}

/] james ntcartney
inline float hermte3(float x, float y0, float yl1, float y2, float y3)

{
/'l 4-point, 3rd-order Hernmite (x-form
float cO0 = y1;
float c1 = 0.5f * (y2 - y0);
float yOnyl = y0 - yl1;
float ¢3 = (yl - y2) + 0.5f * (y3 - yOnyl - y2);
float c2 = yOnyl + cl - c3;
return ((c3 * x +c¢2) * x +cl) * x + cO0;
}

/1 laurent de soras
inline float hermte4(float frac_pos, float xml, float x0, float x1, float x2)

const fl oat c = (x1 - xml) * O.5f;
const fl oat \Y = x0 - x1;
const fl oat w =c + v,
const fl oat a =w+ v + (x2 - x0) * 0.5f;
const fl oat b_neg = w + a;
return ((((a * frac_pos) - b_neg) * frac_pos + c¢) * frac_pos + x0);
}
Comments
from : theguylle
comment : great sources but what is Hermite ?

if you don't describe what is your code made for, you will made a great sources but | don't know why?
cheers Paul

from : bram@musicdsp.org

comment : hermite is interpollation.
have a look around the archive, you'll see that the word 'hermite’ is in more than one item ;-)

-bram

from : ronaldowf@sanepar.com.br
comment : Please, would like to know of hermite code it exists in delphi.

thankful

Ronaldo
Cascavel/Parana/Brasil

from : m.magrini@NOSPAMbad-sector.com

comment : Please,
add, at least, the meaning of each parameter (I mean x, y0, y1,y2, y3)....
m.

from : musicdsp@[remove this]dsparsons.co.uk
comment : Ronaldo, it doesn't take much to translate these to Delphi - for float, either use single or double to your preference!

Looking at the codes, it seems quite clear that the parameters follow a pattern of: Sample Position between middle two samples, then the sample
before current, current sample, curernt sample +1, current sample +2.



HTH
DSP



Lock free fifo (click this to go back to the index)

References : Posted by Timo

Linked file : LockFreeFifo.h (this linked file is included below)

Notes :
Simple implementation of a lock free FIFO.

Comments
from : joshscholar_ REMOVETHIS@yahoo.com
comment : There is a good algorithm for a lock free (but multiprocessor safe) FIFO. But the given implimentation is flawed in a number of ways.
This code is not reliable. Two problems on the surface of it:
1. I can easily see that it's possible for two threads/processors to return the same item from the head if the timing is right.
2. there's no interlocked instructions to make sure that changes to the shared variables are globally visible
3. there's not attempt in the code to make sure that data is read in an atomic way, let alone changed in one...

The code is VERY naive

| do have code that works, but it's not so short that will post it in a comment. If anyone needs it they can email me

from : Timo

comment : This is only supposed to work on uniprocessor machines with _one_ reading and _one_ writing thread
assuming that the assignments to read and write idx are simple mov instructions (i.e. atomic). To be sure you'd need to write the update parts in hand-
coded asm; never know what the compiler comes up with. The context of this code was omitted (i.e. Bram posted my written in 1 min sketch in a

discussion on IRC on a lock-free fifo, not production code).

Linked files
#i ncl ude <vector>
#i ncl ude <exception>

using std::vector;
using std::exception;

tenpl at e<cl ass T> cl ass LockFreeFifo

{
public:
LockFreeFi fo (unsigned bufsz) : readi dx(0), witeidx(0), buffer(bufsz)
{}
T get (void)
if (readidx == writeidx)

throw runtinme_error ("underrun");
T result = buffer[readi dx];

if ((readidx + 1) >= buffer.size())
readi dx = 0;

el se

readi dx = readidx + 1;

return result;

}

void put (T datum

{

unsi gned new dx;

if ((witeidx + 1) >= buffer.size())
new dx = O;

el se

newidx = witeidx + 1;

if (newi dx == readi dx)
throw runtime_error ("overrun");

buf fer[witeidx] = datum

witei dx = new dx;

}
private:

vol atile unsigned readidx, witeidx;
vect or <T> buffer;

}s


http://www.musicdsp.org/files/LockFreeFifo.h

MATLAB-Tools for SNDAN (click this to go back to the index)

References : Posted by Markus Sapp
Linked file : other001.zip

Notes :
(see linkfile)


http://www.musicdsp.org/files/other001.zip

MIDI note/frequency conversion (click this to go back to the index)

Type : -

References : Posted by tobybear[AT]web[DOT]de

Notes :

| get often asked about simple things like MIDI note/frequency conversion, so | thought | could as well post some source code about this.

The following is Pascal/Delphi syntax, but it shouldn't be a problem to convert it to almost any language in no time.

Uses for this code are mainly for initializing oscillators to the right frequency based upon a given MIDI note, but you might also check what MIDI note is
closest to a given frequency for pitch detection etc.

In realtime applications it might be a good idea to get rid of the power and log2 calculations and generate a lookup table on initialization.

A full Pascal/Delphi unit with these functions (including lookup table generation) and a simple demo application can be downloaded here:
http:/tobybear.phreque.com/dsp_conv.zip

If you have any comments/suggestions, please send them to: tobybear@web.de

o

de :
/1 M DI NOTE/ FREQUENCY CONVERSI ONS

const notes:array[O0..11] of string= ('C','C#,'D','D¥','"E','"F"'",'"F#','"G"',"G¢',"A","A# ,'B");
const base_a4=440; // set A4=440Hz

/] converts fromMDI note nunber to frequency
/1 exanpl e: Not eToFrequency(12)=32.703
functi on Not eToFrequency(n:integer):doubl e;
begi n

if (n>=0)and(n<=119) then

resul t: =base_a4*power (2, (n-57)/12)

el se result:=-1;

end;

/1 converts fromMDI note nunber to string
/'l exanpl e: NoteToNane(12)='C 1
function NoteToName(n:integer):string;
begi n
if (n>=0)and(n<=119) then
result:=notes[n nod 12]+inttostr(n div 12)
else result:="---";
end;

/'l converts fromfrequency to closest MDI note
/] exanpl e: FrequencyToNote(443)=57 (A 4)
functi on FrequencyToNot e(f: doubl e):integer;
begi n

resul t:=round(12*l og2(f/base_a4)) +57;
end;

/1 converts fromstring to MDl note
/1 exanpl e: NaneToNote(' A4')=57
function NaneToNot e(s:string):integer;
var c,i:integer;
begi n
if length(s)=2 then s:=s[1]+ '+s[2];
if length(s)<>3 then begin result:=-1;exit end,
s: =upper case(s);
c:=-1,
for i:=0 to 11 do
if notes[i]=copy(s,1,2) then
begi n
c:=i;
br eak
end;
try
i:=strtoint(s[3]);
resul t: =i *12+c;
except
result:=-1;
end;
if c<0 then result:=-1;
end;

Comments
from : tobybear@web.de
comment : For the sake of completeness, here is octave fraction notation and pitch class notation:

/I converts from MIDI note to octave fraction notation

/I the integer part of the result is the octave number, where

/I 8 is the octave starting with middle C. The fractional part

/l'is the note within the octave, where 1/12 represents a semitone.
/I example: NoteToOct(57)=7.75

function NoteToOct(i:integer):double;

begin

result:=3+(i div 12)+(i mod 12)/12;



end;

/I converts from MIDI note to pitch class notation
/I the integer part of the number is the octave number, where
/I 8 is the octave starting with middle C. The
fractional part
/I is the note within the octave, where a 0.01 increment is a
/I semitone.
/I example: NoteToPch(57)=7.09
function NoteToPch(i:integer):double;
begin
result:=3+(i div 12)+(i mod 12)*0.01;
end;

from : kaleja@estarcion.com
comment : | thought most sources gave A-440Hz = MIDI note 69. MIDI 60 = middle C = ~262Hz, A-440 = "A above middle C". Not so?

from : DFL
comment : Kaleja is correct. Here is some C code:

double MIDItoFreq( char keynum ) {
return 440.0 * pow( 2.0, ((double)keynum - 69.0) / 12.0);

}

you can double-check the table here:
http:/tomscarff.tripod.com/midi_analyser/midi_note_frequency.htm



Millimeter to DB (faders...) (click this to go back to the index)

References : Posted by James McCartney

Notes :
These two functions reproduce a traditional professional
mixer fader taper.

MMtoDB converts millimeters of fader travel from the
bottom of the fader for a 100 millimeter fader into
decibels. DBtoMM is the inverse.

The taper is as follows from the top:

The top of the fader is +10 dB

100 mm to 52 mm : -5 dB per 12 mm

52 mm to 16 mm : -10 dB per 12 mm

16 mm to 4 mm : -20 dB per 12 mm

4 mm to 0 mm : fade to zero. (in these functions | go to -200dB
which is effectively zero for up to 32 bit audio.)

Code :
float MM oDB(float mm
{

float db;
mm = 100. - mm
if (nm<=0.) {
db
else if (mm< 48.

else if (nm< 84.) {
db = -10. - 10./12. * (nm- 48.);
else if (nMm< 96.)
b =-40. - 20./12. * (mMm- 84.);
else if (mm< 100.)
db = -60. - 35. * (mm- 96.);
el se db = -200.;
eturn db;

e e s R

}
float DBtoMV fl oat db)
{

float nm
if (db >= 10.) {

mm = 0. ;
} elseif (db > -10.) {

mm = -12./5. * (db - 10.);
} elseif (db > -40.) {

nm= 48. - 12./10. * (db + 10.);
} elseif (db > -60.) {

mm= 84. - 12./20. * (db + 40.);
} elseif (db > -200.)

mm= 96. - 1./35. * (db + 60.);
} else nm = 100.;

mm = 100. - mm

return mm
}

Comments
from : Christian@savioursofsoul.de
comment : Pascal Translation...

function MMtoDB(Milimeter:Single):Single;

var mm: Single;

begin
mm:=100-Milimeter;
if mm = 0 then Result:=10
else if mm < 48 then Result:=10-5/12*mm;
else if mm < 84 then Result:=-10-10/12*(mm-48);
else if mm < 96 then Result:=-40-20./12*(mm-84);
else if mm < 100 then Result:=-60-35*(mm-96);
else Result:=-200.;

end;

function DBtoMM(db:Single):Single;

begin
if db>=10 then result:=0;
else if db>-10 then result:=-12/5*(db-10);
else if db>-40 then result:=48-12/10(db+10);
else if db>-60 then result:=84-12/20(db+40);
else if db>-200 then result:=96-1/35(db+60);
else result:=100.;
Result:=100-Result;

end;






Noise Shaping Class (click this to go back to the index)

Type : Dithering with 9th order noise shaping
References : Posted by cshei[AT]indiana.edu
Linked file : NS9dither16.h (this linked file is included below)

Notes :

This is an implemetation of a 9th order noise shaping & dithering class, that runs quite fast (it has one function that uses Intel x86 assembly, but

you can replace it with a different rounding function if you are running on a non-Intel platform). _aligned_malloc and _aligned_free require the
MSVC++ Processor Pack, available from www.microsoft.com. You can replace them with "new" and "delete," but allocating

aligned memory seems to make it run faster. Also, you can replace ZeroMemory with a memset that sets the memory to 0O if you aren't using Win32.
Input should be floats from -32768 to 32767 (processS will clip at these points for you, but clipping is bad when you are trying to convert floats to
shorts). Note to reviewer - it would probably be better if you put the code in a file such as NSDither.h and have a link to it - it's rather long.

(see linked file)

Comments

from : mail[nsj@mutagene.net

comment : | haven't tried this class out, but it looks like there's a typo in the unrolled loop -- shouldn't it read "c[2]*EH[HistPos+2]"? This might this
also account for the 3 clock cycle improvement on a P-IIl.

/I This arrangement seems to execute 3 clock cycles faster on a P-Ill

samp -= c[8]*EH[HistPos+8] + c[7]*EH[HistPos+7] + c[6]*EH[HistPos+6] +
c[5]*EH[HistPos+5] + c[4]*EH[HistPos+4] + c[3]*EH[HistPos+3] + c[2]*EH[HistPos+1] +
c[1]*EH[HistPos+1] + c[0]*EH[HistPos];

Linked files
#pragma once

#i ncl ude <mal | oc. h>
#i ncl ude <roundi ng. h>

/1 F-weighted

/lstatic const float or3Fc[3] = {1.623f, -0.982f, 0.109f};

static const float or9Fc[9] = {2.412f, -3.370f, 3.937f, -4.174f, 3.353f, -2.205f, 1.281f, -0.569f,
0. 0847f};

/1 modified-E weighted

//static const float or2Mec[2] = {1.537f, -0.8367f};

/lstatic const float or3MeEc[3] = {1.652f, -1.049f, 0.1382f};

//static const float or9MEC[9] = {1.662f, -1.263f, 0.4827f, -0.2913f, 0.1268f, -0.1124f, 0.03252f,
-0. 01265f, -0.03524f};

/1 inproved-E wei ghted

/lstatic const float or5IEc[5] = {2.033f, -2.165f, 1.959f, -1.590f, 0.6149f};

/lstatic const float or9lEc[9] = {2.847f, -4.685f, 6.214f, -7.184f, 6.639f, -5.032f, 3.263f, -
1.632f, 0.4191f};

/1 Sinmple 2nd order

/lstatic const float or2Sc[2] = {1.0f, -0.5f};

/1 Much faster than Cs % operator (anyway, X will never be > 2*n in this case so this is very

sinple and fast)

/1 Tell the conpiler to try to inline as much as possible,
since these functions get called at |east once per sanple
__inline my_nmod(int x, int n)

since it nakes it run so nmuch faster

if(x >n) x-=n;
return x;

}

__inline int round(float f)

S~

int r;
__asm{
fld f
fistpr
}

return r;

}

__inline short

Itos(long I)

ieturn (short) ((lI ==(short)l) 2?1

}

(1 >>31) "OX7FFF) ;


http://www.musicdsp.org/files/NS9dither16.h

_inline float frand()

{
/1 Linear Congruential Method - got it fromthe book "Al gorithns," by Robert Sedgew ck
static unsigned | ong a = OxDEADBEEF;

a = a* 140359821 + 1;
return a * (1.0f / OXFFFFFFFF);
}

cl ass NSO9dit her 16

{

public:

NS9di t her 16() ;

~NS9di t her 16() ;

short processS(float sanp);
int processl(float sanp);
void reset();

private:
int order;
i nt HistPos;

float* c; // Coeffs
float* EH, // Error History

s

__inline NS9dither16::NS9dither16()
{

order = 9;

//c=new float[order]; // if you don't have _aligned_mall oc
¢ = (float*)_aligned_malloc(order*sizeof(float), 16);
CopyMenory(c, or9Fc, order*sizeof(float));

/1 EH = new float[2*order]; // if you don't have _aligned_nalloc
EH = (float*)_al i gned_mall oc(2*order*si zeof (fl oat), 16);
ZeroMenory(EH, 2*order*sizeof (float));

/1 Start at top of error history - you can nake it start anywhere fromO0-8 if you really want to
Hi st Pos=8;
}

__inline NS9dither16::~NS9dither16()

/1if(c) delete [] c; // if you don't have _aligned_free

[1if(EH) delete [] EH // if you don't have _aligned_free

if(c) _aligned_free(c); // don't really need "if," since it is OKto free null pointer, but still...
if(EH) _aligned_free(EH);

}

__inline void NS9dither16::reset()

{

ZeroMenory(EH, 2*order*sizeof (float));

/1 Start at top of error history - you can nmake it start anywhere fromO0-8 if you really want to
Hi st Pos=8;

}

/1 Force inline because VC++. NET doesn't inline for sone reason (VC++ 6 does)
__forceinline short NS9dither16::processS(float sanp)
{

i nt output;
[*for(int x=0; x<order; x++)

{

/lsanp -= c[x] * EH (Hi stPos+x) % order];

sanp -= c¢[x] * EH Hi stPos+x];

yel

/1 Unrolled | oop for faster execution

[*sanp -= c[O0] *EH Hi st Pos] + c[1] *EH Hi st Pos+1] + c[2] *EH Hi st Pos+2] +
c[ 3] *EH Hi st Pos+3] + c[4] *EH Hi st Pos+4] + c[5] *EH[ Hi st Pos+5] +

c[ 6] *EH Hi st Pos+6] + c[7]*EH[ Hi st Pos+7] + c[8]*EH[ Hi st Pos+8]; */

/1 This arrangenent seenms to execute 3 clock cycles faster on a P-111
sanp -= c[8] *EH Hi st Pos+8] + c[ 7] *EH Hi st Pos+7] + c[ 6] *EH[ Hi st Pos+6] +
c[ 5] *EH Hi st Pos+5] + c[4] *EH Hi st Pos+4] + c[3]*EH Hi st Pos+3] +

c[ 2] *EH Hi st Pos+1] + c[1]*EH Hi stPos+1] + c[O0]*EH Hi st Pos];

out put = round(sanmp + (frand() + frand() - 1));

/1 H stPos =(Hi stPos+8) % order; // The % operator is really slow
Hi st Pos = ny_nod((Hi st Pos+8), order);

/1 Update buffer (both copies)

EH Hi st Pos+9] = EH H stPos] = output - sanp;



return Itos(output);

}

__forceinline int NS9ditherl16:: processl (float sanp)
{

i nt output;
[*for(int x=0; x<order; x++)

/lsanp -= c[x] * EH (Hi stPos+x) % order];
sanp -= c¢[x] * EH Hi stPos+x];

*

/

/1 Unrolled |oop for faster execution

[*sanp -= c[O0] *EH Hi st Pos] + c[1] *EH Hi st Pos+1] + c[2] *EH Hi st Pos+2] +
c[ 3] *EH Hi st Pos+3] + c[4] *EH Hi st Pos+4] + c[5] *EH[ Hi st Pos+5] +

c[ 6] *EH Hi st Pos+6] + c[7]*EH[ Hi st Pos+7] + c[8]*EH[ Hi st Pos+8]; */
/1 This arrangenent seenms to execute 3 clock cycles faster on a P-111
sanp -= c[8] *EH Hi st Pos+8] + c[ 7] *EH Hi st Pos+7] + c[ 6] *EH[ Hi st Pos+6] +
c[ 5] *EH Hi st Pos+5] + c[4] *EH Hi st Pos+4] + c[3]*EH Hi st Pos+3] +

c[ 2] *EH Hi st Pos+1] + c[1]*EH H st Pos+1] + c[O0]*EH H st Pos];

out put = round(sanmp + (frand() + frand() - 1));

/1 H stPos =(Hi stPos+8) % order; // The % operator is really slow
Hi st Pos = ny_nod((Hi st Pos+8), order);

/1 Update buffer (both copies)

EH Hi st Pos+9] = EH Hi stPos] = output - sanp;

return output;

}



Nonblocking multiprocessor/multithread algorithms in C++ (click this to go back to the index)

Type : queue, stack, garbage collection, memory allocation, templates for atomic algorithms and types
References : Posted by joshscholarREMOVETHIS@yahoo.com
Linked file : ATOMIC.H

Notes :
see linked file...


http://www.musicdsp.org/files/ATOMIC.H

pow(x,4) approximation (click this to go back to the index)

References : Posted by Stefan Stenzel

Notes :
Very hacked, but it gives a rough estimate of x**4 by modifying exponent and mantissa.
Code :
float p4fast(float in)
{
long *Ip,I;
I'p=(long *) (& n);
I =*1 p;
| - =0x3F800000! ; /* un-bias */
| <<=2; [* xx4 */
| +=0x3F800000! ; /* bias */
*| p=l;

/* conpiler will read this fromnenory since & operator had been used */
return in;



Reading the compressed WA! parts in gigasampler files (click this to go back to the index)
References : Paul Kellett

Linked file : gigxpand.zip

Notes :

(see linkfile)

Code to read the .WA! (compressed .WAV) parts of GigaSampler .GIG files.
For related info on reading .GIG files see http://www.linuxdj.com/evo


http://www.musicdsp.org/files/gigxpand.zip

Real basic DSP with Matlab (+ GUI) ... (click this to go back to the index)

Type : Like effects racks, made with Matlab !
References : Posted by guillaume[DOT]carniato[AT]meletu[DOT]univ-valenciennes[DOT]fr

Linked file : http://www.xenggeng.fr.st/ici/guitou/Matlab Music.zip

Notes :
You need Matlab v6.0 or more to run this stuff...

Code :
take a ook at http://ww. xenggeng.fr.st/ici/guitou/ Matlab Misic. zip

I"'mnow working on a Matlab - sequencer, which will certainly use 'Matlab Music'. I'minterested in

integrating WaveWarp in this project; it's a toolbox that allow you to make real tinme DSP with Matl ab.

If you're ok to inmprove this version (add effects, inprove effects quality,anything else...) let's go !

me if you're interested in devel oping this beginner work. ..

Emai |


http://www.xenggeng.fr.st/ici/guitou/Matlab Music.zip

real value vs display value (click this to go back to the index)
Type : Macro
References : Posted by emil[AT]arpanet[DOT]no

Notes :

REALVAL converts the vst param at given ranges to a display value.
VSTVAL does the opposite.

a = start

b =end

e

de :
#define REALVAL(a, b, vstval) (a
#define VSTVAL(a, b, realval) ((

+ (vstval)*(b-a))
real val -a)/ (b-a))

Comments
from : bekkah@web.de
comment : Why da hell do you use Makros???

BTW: I'll post my mapper class in a few days here, which does all this in a much more convenient way.

from : kaleja@estarcion.com
comment : See http://www.u-he.com/vstsource/archive.php?classid=2#16 for my solutions to this problem.



Really fast x86 floating point sin/cos (click this to go back to the index)
References : Posted by rerdavies[AT]msn[DOT]com
Linked file : sincos.zip

Notes :
Frightful code from the Intel Performance optimization front. Not for the squeamish.

The following code calculates sin and cos of a floating point value on x86 platforms to 20 bits precision with 2 multiplies and two adds. The basic
principle is to use sin(x+y) and cos(x+y) identities to generate the result from lookup tables. Each lookup table takes care of 10 bits of precision in the
input. The same principle can be used to generate sin/cos to full (! Really. Full') 24-bit float precision using two 8-bit tables, and one 10 bit table (to
provide guard bits), for a net speed gain of about 4x over fsin/fcos, and 8x if you want both sin and cos. Note that microsoft compilers have trouble
keeping doubles aligned properly on the stack (they must be 8-byte aligned in order not to incur a massive alignment penalty). As a result, this class
should NOT be allocated on the stack. Add it as a member variable to any class that uses it.

e.g.
class CSomeClass {
CQuickTrig m_QuickTrig;
mQuickTrig.QuickSinCos(dAngle,fSin,fCos);
}

Code :
(see attached file)



http://www.musicdsp.org/files/sincos.zip

resampling (click this to go back to the index)

Type : linear interpolated aliased resampling of a wave file
References : Posted by mail@mroc.de

Notes :
som resampling stuff. the code is heavily used in MSynth, but do not lough about ;-)

perhaps, prefiltering would reduce aliasing.

Code :
signed short* pSanple = ...;
unsi gned int sanpleLength = ..

/1 stretch sanple to I ength of one bar...
float playPosDelta = sanpleLength / ( ( 240.0f / bpm) * sanplingRate );

/1 requires for position calculation...
float playposl = 0.0f;
unsigned int iter = 0;

// required for interpolation...
unsigned int i1, i2;

float* pDest = ....;

float* pDestStop = pDest + |en;

for( float *pt=pDest; pt<pDestStop;++pt )

{

/1 linear interpolation...

i1l = (unsigned int)playpos;

i2=il+ 1,

(*pt) = ((pSanple[i?2]-pSample[il]) * (playpos - il) + pSanple[il]);

/1 position calculation preventing float sumation error...
pl ayposl = (++iter) * playposlncrenent;



Saturation (click this to go back to the index)

Type : Waveshaper
References : Posted by Bram

Notes :
when the input is below a certain threshold (t) these functions return the input, if it goes over that threshold, they return a soft shaped saturation.
Neigther claims to be fast ;-)

Code :
float saturate(float x, float t)

if(fabs(x)<t)

return x
el se
if(x >0.f);
returnt + (1.f-t)*tanh((x-t)/(1-t));
el se
return -(t + (1.f-t)*tanh((-x-t)/(1-t)));
}
}
or

float signoid(x)

i f(fabs(x)<1)
return x*(1.5f - 0.5f*x*x);

el se
return x > 0.f ? 1.f : -1.f;
}
float saturate(float x, float t)
{
i f(abs(x)<t)
return Xx
el se
if(x >0.f);
returnt + (1.f-t)*sigmoid((x-t)/((21-t)*1.5f));
el se
return -(t + (1.f-t)*sigmid((-x-t)/((1-t)*1.5f)));
}
}
Comments
from : terry@yahoo.com
comment : But My question is
BUT HAVE YOU TRIED YOUR CODE!!IMmm222?

| think no, ‘cos give a compiling error.
the right (for sintax) version is this:

float sigmoid(float x)

if(fabs(x)<1)
return x*(1.5f - 0.5f*x*x);
else
return x >0.f? 1.f: -1.f;
}

float saturate(float x, float t)

if(abs(x)<t)
return x;
else

if(x > 0.f)
return t + (1.f-t)*sigmoid((x-t)/((1-t)*1.5f));

else
return -(t + (1.f-t)*sigmoid((-x-t)/((1-t)*1.5f)));

from : imbeachhunt@hotmail.com

comment : except for the missing parenthesis of course =)
the first line of saturate should be either
if(fabs(x)) return x;

or

if(abs(x)) return x;



depending on whether you're looking at the first or second saturate function (in the orig post)



Sin, Cos, Tan approximation (click this to go back to the index)

References : http://www.wild-magic.com
Linked file : approx.h (this linked file is included below)

Notes :
Code for approximation of cos, sin, tan and inv sin, etc.
Surprisingly accurate and very usable.

[edit by bram]

this code is taken literaly from
http://lwww.wild-magic.com/SourceCode.html

Go have a look at the MgcMath.h and MgcMath.cpp files in their library...
[/edit]

Comments

from : asynth@io.com

comment : It'd be nice to have a note on the domain of these functions. | assume Sin0 is meant to be used about zero and Sinl about 1. But a note
to that effect would be good.
Thanks,

james mccartney

from : mcodespam@gmx.net
comment : Sin0 is faster but less accurate than Sinl, same for the other pairs. The domains are:

Sin/Cos [0, pi/2]
Tan [0,pi/4]
InvSin/Cos [0, 1]
InvTan [-1, 1]

This comes from the original header file.

Li nked files
Real Math:: FastSin0 (Real fAngle)

Real fASqr = fAngl e*fAngl e;
Real fResult = 7.61le-03f;
fResult *= fASqr;

fResult -= 1.6605e-01f;
fResult *= fASqr;

fResult += 1.0f;

fResult *= fAngle;

return fResult;

Real Math::FastSinl (Real fAngle)

Real fASqr = fAngl e*fAngl e;
Real fResult = -2.39e-08f;
fResult *= fASqr;

fResult += 2.7526e- 06f;

fResult *= fASqr;

fResult -= 1.98409e- 04f;
fResult *= fASqr;

fResult += 8.3333315e-03f;
fResult *= fASqr;

fResult -= 1.666666664e-01f;
fResult *= fASqr;

fResult += 1.0f;

fResult *= fAngle;
return fResult;

}
R i i
Real Math:: Fast CosO (Real fAngle)
{
Real fASqr = fAngl e*f Angl e;
Real fResult = 3. 705e-02f;
fResult *= fASqr;
fResult -= 4.967e-01f;
fResult *= fASqr;
fResult += 1.0f;
return fResult;
}
R e e R

Real Math:: FastCosl (Real fAngle)


http://www.musicdsp.org/files/approx.h

Real fASqgr = fAngl e*f Angl e;
Real fResult = -2.605e-07f;
fResult *= fASqr;

fResult += 2.47609e-05f;
fResult *= fASqr;

fResult -= 1.3888397e-03f;
fResult *= fASqr;

fResult += 4.16666418e- 02f;
fResult *= fASqr;

fResult -= 4.999999963e-01f;
fResult *= fASqr;

f Result += 1.0f;

return fResult;

}
R i e
Real Math:: Fast TanO (Real fAngle)
{
Real fASqr = fAngl e*fAngl e;
Real fResult = 2.033e-01f;
fResult *= fASqr;
fResult += 3.1755e-01f;
fResult *= fASqr;
fResult += 1.0f;
fResult *= fAngle;
return fResult;
}
R R R R
Real Math:: Fast Tanl (Real fAngle)
{
Real fASqgr = fAngl e*f Angl e;
Real fResult = 9.5168091e-03f;
fResult *= fASqr;
fResult += 2.900525e-03f;
fResult *= fASqr;
fResult += 2.45650893e- 02f;
fResult *= fASqr;
fResult += 5.33740603e-02f;
fResult *= fASqr;
fResult += 1.333923995e- 01f;
fResult *= fASqr;
fResult += 3.333314036e-01f;
fResult *= fASqr;
fResult += 1.0f;
fResult *= fAngle;
return fResult;
}
R i e
Real Math:: FastlnvSin (Real fValue)
{
Real fRoot = Math::Sqgrt(1.0f-fValue);
Real fResult = -0.0187293f;
fResult *= fVal ue;
fResult += 0.0742610f;
fResult *= fVal ue;
fResult -= 0.2121144f;
fResult *= fVal ue;
fResult += 1.5707288f;
fResult = HALF_PI - fRoot*fResult;
return fResult;
}
R e T
Real Math:: FastlnvCos (Real fVal ue)
{
Real fRoot = Math::Sqgrt(1.0f-fValue);
Real fResult = -0.0187293f;
fResult *= fVal ue;
fResult += 0.0742610f;
fResult *= fVal ue;
fResult -= 0.2121144f;
fResult *= fVal ue;
fResult += 1.5707288f;
fResult *= fRoot;
return fResult;
}
R R R R
Real Math:: FastlnvTanO (Real fVal ue)
{

Real fVSqgr = fVal ue*f Val ue;
Real fResult = 0.0208351f;
fResult *= fVSqr;

fResult -= 0.085133f;
fResult *= fVSqr;



fResult += 0.180141f;

fResult *= fVSqgr;
f Result -= 0.3302995f;
fResult *= fVSqr;

fResult += 0.999866f;
fResult *= fVal ue;
return fResult;

Real Math:: FastlnvTanl (Real fVal ue)

{

Real fVSqr = fVal ue*f Val ue;
Real fResult = 0.0028662257f;
* —

fResult *= fVSqr;
fResult -= 0.0161657367f;
fResult *= fVSqgr;

fResult += 0.0429096138f;
fResult *= fVSqr;
fResult -= 0.0752896400f ;
fResult *= fVSqr;
fResult += 0.1065626393f;
fResult *= fVSqr;
fResult -= 0.1420889944f ;
fResult *= fVSqr;
fResult += 0.1999355085f;

fResult *= fVSqr;
fResult -= 0.3333314528f;
fResult *= fVSqr;

f Result += 1.0f;
fResult *= fVal ue;
return fResult;



